PREMIER REFERENCE SOURCE 


Wireless Network 
Traffic and Quality 
of Service Support 

Trends and Standards 



Thomas Ugkas, PantelEs Angelidis, & Loukas GeorgiadEs 








Wireless Network 
Traffic and Quality of 
Service Support: 

Trends and Standards 


Thomas Lagkas 

University of Western Macedonia, Greece 
Pantelis Angelidis 

University of Western Macedonia, Greece 
Loukas Georgiadis 

University of Western Macedonia, Greece 


| Informotion Science | 


REFERENCE 


INFORMATION SCIENCE REFERENCE 

Hershey • New York 




Director of Editorial Content: 
Director of Book Publications: 
Acquisitions Editor: 
Development Editor: 
Publishing Assistant: 
Typesetter: 

Production Editor: 

Cover Design: 

Printed at: 


Kristin Klinger 
Julia Mosemann 
Lindsay Johnston 
Joel Gamon 
Keith Glazewski 
Keith Glazewski 
Jamie Snavely 
Lisa Toshefif 
Yurchak fruiting Inc. 


Published in the United States of America by 

Information Science Reference (an imprint of IGI Global) 

701 E. Chocolate Avenue 

Hershey PA 17033 

Tel: 717-533-8845 

Fax: 717-533-8661 

E-mail: cust@igi-global.com 

Web site: http://www.igi-global.com/reference 


Copyright © 2010 by IGI Global. All rights reserved. No part of this publication may be reproduced, stored or distributed in 
any form or by any means, electronic or mechanical, including photocopying, without written permission from the publisher. 

Product or company names used in this set are for identification purposes only. Inclusion of the names of the products or 
companies does not indicate a claim of ownership by IGI Global of the trademark or registered trademark. 

Library of Congress Cataloging-in-Publication Data 

Wireless network traffic and quality of service support: trends and standards / Thomas Lagkas, Pantelis Angelidis, and 
Loukas Georgiadis, editors. p. cm. 

Includes bibliographical references. 

Summary: "This book offers cutting edge approaches for the provision of quality of service in wireless local area 
networks"—Provided by publisher. ISBN 978-1-61520-771-8 (hardcover) - ISBN 978-1-61520-772-5 (ebook) 1. Wireless 
LANs—Standards. 2. Wireless LANs-Quality control. I. Lagkas, Thomas, 1980- II. Angelidis, Pantelis, 1967- III. 
Georgiadis, Loukas, 1977- TK5105.78.W5685 2010 
621.384—dc22 

2009036914 

British Cataloguing in Publication Data 

A Cataloguing in Publication record for this book is available from the British Library. 

A11 work contributed to this book is new, previously-unpublished material. The views expressed in this book are those of the 
authors, but not necessarily of the publisher. 



Editorial Advisory Board 

Ioannis Demetropoulos, University of Western Macedonia, Greece 
Michael Georgiadis, University of Western Macedonia, Greece 


List of Reviewers 

Abdelsalam Amer, University of Victoria, Canada 

Alexandras Kaloxylos, University of Peloponnese, Greece 

Athanasios D. Panagopoulos, National Technical University of Athens, Greece 

Bogdan Ciubotaru, Dublin City University, Ireland 

Carolina Blanch, Interuniversity MicroElectronics Center (IMEC), Belgium 

Christos Bouras, University of Patras, Greece & Research Academic Computer Technology Institute, 
Greece 

Christos Verikoukis, Telecommunications Technological Centre of Catalonia (CTTC), Spain 

Der-Jiunn Deng, National Changhua University of Education, Taiwan 

Dimitrios G. Stratogiannis, National Technical University of Athens, Greece 

Dimitris Charilas, National Technical University of Athens, Greece 

Elli Kartsakli, Technical University of Catalonia (UPC), Spain 

Georgios I. Tsiropoulos, National Technical University of Athens, Greece 

Giulio Iannello, Universita Campus Bio-medico di Roma, Italy 

Vasileios Gkamas, University of Patras, Greece 

Huifang Feng, Northwest Normal University, China 

Jesus Alonso Zarate, Telecommunications Technological Centre of Catalonia (CTTC), Spain 

Jital Shin, Sungkyunkwan University, Rep. of Korea 

Katarzyna Kosek, AGH University of Science and Technology, Poland 

Katarzyna Wac, University of Geneva, Switzerland & University of Twente, the Netherlands 

Maode Ma, Nanyang Technological University, Singapore 

Marek Natkaniec, AGH University of Science and Technology, Poland 

Nizar Zorba, University of Jordan, Jordan 

Panagiotis Kokkinos, University of Patras, Greece 

Pashalis Raptis, Technological Educational Institute of Thessaloniki, Greece 
Periklis Chatzimisios, Technological Educational Institute of Thessaloniki, Greece 



Pierre Leone, University of Geneva, Switzerland 

Sofie Pollin, Interuniversity MicroElectronics Center (IMEC), Belgium 

Symeon Papavassiliou, National Technical University of Athens, Greece 

Szymon Szott, AGH University of Science and Technology, Poland 

Victor Lu Jin Chang, Nanyang Technological University, Singapore 

Vinod Mirchandani, University of Technology, Australia 

Yunlu Liu, Beihang University, China 



Table of Contents 


Foreword .xvi 

Preface .xvii 

Acknowledgment .xx 


Section 1 

QoS Provision in Wireless Local Area Networks 

Chapter 1 

Hybrid Approach to Integrated QoS Capable Protocols for Wireless LANs.1 

Thomas D. Lagkas, University of Western Macedonia, Greece 

Chapter 2 

Cross-Layer Scheduling with QoS Support over a Near-Optimum Distributed Queueing 

Protocol for Wireless LANS.30 

E. Kartsakli, Technical University of Catalonia (UPC), Spain 

J. Alonso-Zarate, Telecommunications Technological Centre of Catalonia (CTTC), Spain 
L. Alonso, Technical University of Catalonia (UPC), Spain 

C. Verikoukis, Telecommunications Technological Centre of Catalonia (CTTC), Spain 

Chapter 3 

Delay Constrained Admission Control and Scheduling Policy for IEEE 802. lie HCCA Method.53 

Der-Jiunn Deng, National Changhua University of Education, Taiwan 
Yueh-Ming Huang, National Cheng Kung University, Taiwan 
Hsiao-Hwa Chen, National Cheng Kung University, Taiwan 

Chapter 4 

Quality of Service in Heterogeneous Traffic Wireless Systems.71 

Nizar Zorba, University of Jordan, Jordan 

Christos V. Verikoukis, Telecommunications Technological Centre of Catalonia (CTTC), Spain 










Chapter 5 

Traffic Prediction over Wireless Networks.87 

Huifang Feng, Northwest Normal University, China 
Maode Ma, Nanyang Technological University, Singapore 

Chapter 6 

Cross-Layer Optimization for Energy-Efficient QoS Support of Multimedia Streams.113 

Carolina Blanch Perez del Notario, Interuniversity MicroElectronics Center (IMEC), Belgium 

Sofie Pollin, Interuniversity MicroElectronics Center (IMEC), Belgium 

Tong Gan, Interuniversity MicroElectronics Center (IMEC), Belgium 

Claude Desset, Interuniversity MicroElectronics Center (IMEC), Belgium 

Antoine Dejonghe, Interuniversity MicroElectronics Center (IMEC), Belgium 

Bart Masschelein, Interuniversity MicroElectronics Center (IMEC), Belgium 

Chapter 7 

QoS and Energy Saving Routing and MAC Mechanisms for Wireless Networks.135 

Vasileios Gkamas, University of Patras, Greece 
Panagiotis Kokkinos, University of Patras, Greece 
Emmanouel Varvarigos, University of Patras, Greece 

Chapter 8 

Mobility Management and QoS Support in Wireless Environments: Trends and Open Issues.178 

Alexandras Kaloxylos, University of Peloponnese, Greece 
Sarantis Paskalis, University of Athens, Greece 

Dimitra Vali, OTE Research, Hellenic Telecommunications Organization - OTE S.A, Greece 
Anthony Boucouvalas, University of Peloponnese, Greece 

Chapter 9 

Management, Monitoring and QoS in Multi-Cell Centralized WLANs.197 

Filippo Cacace, Universita Campus Bio-Medico di Roma, Italy 
Giulio Iannello, Universita Campus Bio-Medico di Roma, Italy 
Luca Vollero, Universita Campus Bio-Medico di Roma, Italy 

Chapter 10 

QoS Support in Multi-hop Ad-hoc Networks.230 

Marek Natkaniec, AGH University of Science and Technology, Poland 
Katarzyna Kosek-Szott, AGH University of Science and Technology, Poland 
Szymon Szott, AGH University of Science and Technology, Poland 









Chapter 11 

Efficient Obstacle Avoidance for Sensory Data Propagation in Wireless Systems.271 

Pierre Leone, University of Geneva, Switzerland 
Luminita Moraru, University of Geneva, Switzerland 
Sotiris Nikoletseas, University of Patras and CTI, Greece 
Jose D. P Rolim, University of Geneva, Switzerland 


Section 2 

QoS Provision in Wireless Wide Area Networks 


Chapter 12 

TPC and Non-TPC Based Topology Control Approaches for QoS Improvement in MR-WMN.304 

Vinod Mirchandani, University of Technology, Australia 

Ante Prodan, University of Technology, Australia 

Olivier Marce, Alcatel-Lucent, Centre de Villarceaux, France 

Chapter 13 

QoS Support Mechanisms in WiMAX.330 

Maode Ma, Nanyang Technological University, Singapore 
Jinchang Lu, Nanyang Technological University, Singapore 

Chapter 14 

4G Wireless Networks: Architectures, QoS Support and Dynamic Resource Management.347 

Dimitrios G. Stratogiannis, National Technical University of Athens, Greece 
Georgios I. Tsiropoulos, National Technical University of Athens, Greece 
John D. Kanellopoulos, National Technical University of Athens, Greece 
Panayotis G. Cottis, National Technical University of Athens, Greece 

Chapter 15 

QoS-Predictions Service: QoS Support for Proactive Mobile Services.378 

Katarzyna Wac, University of Geneva, Switzerland & University of Twente, The Netherlands 
Melanie Hilario, University of Geneva, Switzerland 
Bert-Jan van Beijnum, University of Twente, The Netherlands 

Richard Bults, University of Twente, The Netherlands & MobiHealth B. V, The Netherlands 
Dimitri Konstantas, University of Geneva, Switzerland 

Chapter 16 

Enhanced QoS through Cooperating Schemes in Next Generation Wireless Networks.400 

Dimitris E. Charilas, National Technical University of Athens, Greece 
Athanasios D. Panagopoulos, National Technical University of Athens, Greece 
Philip Constantinou, National Technical University of Athens, Greece 









Chapter 17 

Admission Control for QoS Provision in Mobile Wireless Networks.427 

Georgios I. Tsiropoulos, National Technical University of Athens, Greece 
Dimitrios G. Stratogiannis, National Technical University of Athens, Greece 
John D. Kanellopoulos, National Technical University of Athens, Greece 
Panayotis G. Gottis, National Technical University of Athens, Greece 

Chapter 18 

Efficient Power Allocation in E-MBMS Enabled 4G Networks.458 

Antonios Alexiou, University of Patras, Greece; & Research Academic Computer 
Technology Institute, Greece 

Christos Bouras, University of Patras, Greece; & Research Academic Computer Technology 
Institute, Greece 

Vasileios Kokkinos, University of Patras, Greece; & Research Academic Computer 
Technology Institute, Greece 


Compilation of References.489 

About the Contributors.528 


Index. 


541 








Detailed Table of Contents 


Foreword.xvi 

Preface.xvii 

Acknowledgment.xx 


Section 1 

QoS Provision in Wireless Local Area Networks 

This section discusses QoS provision techniques for wireless networks that mainly target local area 
networks (WLANs). State of the art solutions for QoS support in WLANs, like the well-known IEEE 
802.11e standard, are examined. Moreover, modem proposals which improve the efficiency of medium 
access control and routing algorithms in small-scale wireless networks are presented. Furthermore, latest 
traffic differentiation and prediction techniques for wireless networks are studied. This section, also, 
examines cross-layer approaches for the efficient support of multimedia applications inside a wireless 
network, while power saving methodology is discussed, too. Lastly, the reader is introduced to cutting 
edge management techniques of multi-hop mobile networks and wireless sensor networks. 

Chapter 1 

Hybrid Approach to Integrated QoS Capable Protocols for Wireless LANs.1 

Thomas D. Lagkas, University of Western Macedonia, Greece 

This chapter discusses the hybrid concept of providing QoS in wireless networks via medium access 
control by presenting the Priority Oriented Hybrid Access (POHA) scheme. POHA implements a hybrid 
access scheme via combining two modem medium access control protocols for WLANs: POAP (Priority 
Oriented Adaptive Polling) and POAC-QG (Priority Oriented Adaptive Control with QoS Guarantee). 
The comparison of POHA with another well known hybrid protocol, the HCF (Hybrid Control Function) 
access scheme of the IEEE 802.11e standard, shows that in a mixed traffic-type network environment 
POHA performs exhibits superior performance. 







Chapter 2 

Cross-Layer Scheduling with QoS Support over a Near-Optimum Distributed Queueing 

Protocol for Wireless LANS.30 

E. Kartsakli, Technical University of Catalonia (UPC), Spain 

J. Alonso-Zarate, Telecommunications Technological Centre of Catalonia (CTTC), Spain 
L. Alonso, Technical University of Catalonia (UPC), Spain 

C. Verikoukis, Telecommunications Technological Centre of Catalonia (CTTC), Spain 

This chapter presents a high performance distributed MAC protocol, named DQCA (Distributed Queueing 
Collision Avoidance), suitable for infrastructure wireless LANs. In addition, four scheduling algorithms 
are proposed, that modify the transmission order of DQCA in order to increase efficiency under hetero¬ 
geneous traffic conditions. Depending on the network configuration and objectives, the more suitable 
algorithm can be applied over the DQCA MAC mechanism to ensure that the service requirements are 
satisfied. 

Chapter 3 

Delay Constrained Admission Control and Scheduling Policy for IEEE 802.lie HCCA Method.53 

Der-Jiunn Deng, National Changhua University of Education, Taiwan 
Yueh-Ming Huang, National Cheng Kung University, Taiwan 
Hsiao-Hwa Chen, National Cheng Kung University, Taiwan 

This chapter proposes a strictly guaranteed QoS for CBR and VBR traffic in IEEE 802.lie wireless 
LANs. The performance of the proposed scheme is analyzed and compared with the original IEEE 
802.lie protocol under standard MAC and physical layer parameters proposed by the IEEE standard 
for wireless LANs. Through extensive simulations, important performance metrics such as average ac¬ 
cess delay, achievable throughput, dropping probability, and delay variation performance are thoroughly 
investigated. 

Chapter 4 

Quality of Service in Heterogeneous Traffic Wireless Systems.71 

Nizar Zorba, University of Jordan, Jordan 

Christos V Verikoukis, Telecommunications Technological Centre of Catalonia (CTTC), Spain 

This chapter presents a dynamic queue length scheduling for downlink multiuser and multi-antenna 
WLAN systems with heterogeneous traffic. A dynamic DLC queue length control is proposed, so that 
the maximum length is allowed to obtain the highest average system throughput, but restricted to the 
satisfaction of the users QoS. Several alternative QoS measures are presented along the chapter and 
in closed form expressions, so that the wireless operator can choose among them for the most suitable 
ones for each scenario and QoS requirements. Besides the dynamic queue proposal, another important 
outcome of this chapter is on how applications and link layers (or in general higher layers) take profit of 
the advances introduced by multiple antennas and signal processing techniques in the physical layer. 






Chapter 5 

Traffic Prediction over Wireless Networks.87 

Huifang Feng, Northwest Normal University, China 
Maode Ma, Nanyang Technological University, Singapore 

This chapter firstly briefly describes a number of traffic models that include time series models, artificial 
neural networks models, wavelet-based models, and support vector machine-based models. Secondly, 
the prediction method and metrics of measuring the accuracy of a prediction are given. Finally, the 
authors examine the feasibility of applying support vector machine into the prediction of actual traffic 
in WLAN and evaluate the performance of different prediction models such as ARIMA, FARIMA, and 
artificial neural network, wavelet-based and support vector machine-based models for the prediction of 
the real WLAN traffic. 

Chapter 6 

Cross-Layer Optimization for Energy-Efficient QoS Support of Multimedia Streams.113 

Carolina Blanch Perez del Notario, Interuniversity MicroElectronics Center (IMEC), Belgium 

Sofie Pollin, Interuniversity MicroElectronics Center (IMEC), Belgium 

Tong Gan, Interuniversity MicroElectronics Center (IMEC), Belgium 

Claude Desset, Interuniversity MicroElectronics Center (IMEC), Belgium 

Antoine Dejonghe, Interuniversity MicroElectronics Center (IMEC), Belgium 

Bart Masschelein, Interuniversity MicroElectronics Center (IMEC), Belgium 

This chapter focuses on minimizing the energy cost of the two main energy consumers in the handheld 
wireless video device: the video encoding and wireless communication tasks. For this purpose, the authors 
present a cross-layer approach that explores the tradeoff between coding and communication energies. 
Then, they exploit the Rate-Distortion-Complexity tradeoffs and flexibility of the Scalable Video Codec. 
The results show that by adapting the codec configuration at runtime to the specific scenarios up to 50% 
of the total energy can be saved with marginal video quality loss. 

Chapter 7 

QoS and Energy Saving Routing and MAC Mechanisms for Wireless Networks.135 

Vasileios Gkamas, University of Patras, Greece 
Panagiotis Kokkinos, University of Patras, Greece 
Emmanouel Varvarigos, University of Patras, Greece 

This chapter describes routing and medium access control (MAC) mechanisms for providing Quality 
of Service (QoS) together with energy savings in wireless ad hoc networks. The proposed mechanisms 
operate in a cross-layer optimization logic, in the direction of either minimizing total energy consumption 
in the network or maximizing network lifetime, while at the same time providing QoS to the end users. A 
multi-cost routing approach is presented. Also, routing and MAC protocols are investigated for the case 
where nodes have variable transmission power capabilities. Finally, the performance of the proposed 
protocols is evaluated and compared to that of other well-known routing and MAC protocols. 






Chapter 8 

Mobility Management and QoS Support in Wireless Environments: Trends and Open Issues.178 

Alexandras Kaloxylos, University of Peloponnese, Greece 
Sarantis Paskalis, University of Athens, Greece 

Dimitra Vali, OTE Research, Hellenic Telecommunications Organization - OTE S.A, Greece 
Anthony Boucouvalas, University of Peloponnese, Greece 

This chapter presents the main mobility management protocols that are present in the Internet and the 
QoS protocols that attempt to solve the end-to-end QoS support. The authors also present protocols that 
deal with the aggregation of QoS signaling states. Their aim is to identify the problems that arise from 
the interworking of these mobility management and QoS support protocols. The chapter identifies open 
issues, even in the latest standardization attempts and provides hints on how these can be tackled. 

Chapter 9 

Management, Monitoring and QoS in Multi-Cell Centralized WLANs.197 

Filippo Cacace, Universita Campus Bio-Medico di Roma, Italy 
Giulio Iannello, Universita Campus Bio-Medico di Roma, Italy 
Luca Vollero, Universita Campus Bio-Medico di Roma, Italy 

This chapter illustrates how the mechanisms designed for the management of centralized WLANs can 
also be used for monitoring parameters related to QoS support and for pursuing QoS goals. The authors 
describe the Control and Provisioning Wireless Access Protocol (CAPWAP), a recent IETL standard 
for the management of centralized WLANs which is currently in the final stages of the definition pro¬ 
cess, its implementation for the existing types of centralized WLANs, and its use for monitoring and 
QoS management. The QoS goals that can be pursued in this framework are discussed, such as access 
control, load balancing, cell resizing, and Medium Access Control parameters adaptation, as well as the 
algorithms and strategies that can be used to fulfill them. 

Chapter 10 

QoS Support in Multi-hop Ad-hoc Networks.230 

Marek Natkaniec, AGH University of Science and Technology, Poland 
Katarzyna Kosek-Szott, AGH University of Science and Technology, Poland 
Szymon Szott, AGH University of Science and Technology, Poland 

This chapter contains an overview of existing QoS solutions for multi-hop ad-hoc networks. Lirstly, the 
authors present an analysis of the QoS aspects of the physical layer. QoS provisioning at the data li nk 
layer is studied next. The authors focus on protocols which enable traffic differentiation, solve the hidden 
node problem and provide fair medium access. The chapter also deals with QoS issues at the network 
layer, where QoS routing protocols are mostly discussed. Additionally, cross-layer solutions for QoS 
support in multi-hop ad-hoc networks are analyzed. 






Chapter 11 

Efficient Obstacle Avoidance for Sensory Data Propagation in Wireless Systems.271 

Pierre Leone, University of Geneva, Switzerland 
Luminita Moraru, University of Geneva, Switzerland 
Sotiris Nikoletseas, University of Patras and CTI, Greece 
Jose D. P Rolim, University of Geneva, Switzerland 

This chapter presents a class of algorithms, heuristically based, which significantly improve the per¬ 
formance of the geographic routing with obstacle avoidance protocols. The authors introduce a new 
measure of the performance by considering the length of the routing paths. The algorithms are evaluated 
and compared via simulation. 


Section 2 

QoS Provision in Wireless Wide Area Networks 

This section discusses QoS provision techniques for wireless networks that mainly target wide area 
networks (WWANs). QoS supportive techniques for large-scale mesh networks ’ topology control and 
wireless metropolitan networks’(i.e. WiMAX) traffic scheduling are examined. Moreover, management 
approaches for the next generation cooperative networks (i.e. 4G) are presented, including resource 
allocation, admission control, and prediction methods for QoS provision. Lastly, this sections 
examines modern solutions of power efficient multimedia content transfer over heterogeneous wireless 
networks. 

Chapter 12 

TPC and Non-TPC Based Topology Control Approaches for QoS Improvement in MR-WMN.304 

Vinod Mirchandani, University of Technology, Australia 

Ante Prodan, University of Technology, Australia 

Olivier Marce, Alcatel-Lucent, Centre de Villarceaux, France 

This chapter firstly provides an insight into the implications of transmit power control (TPC) on the 
MR-WMN (Multi-Radio Wireless Mesh Networks) topology and QoS. The authors then explore the 
approach of non-TPC based topology control schemes for limiting the interference in a static nodes 
based MR-WMN system. The effectiveness of the presented Path Reduction (PR) algorithm is explained 
through the NetLogo simulation tool. The focus of this chapter is mainly on non-TPC approach rather 
than the TPC approach. 

Chapter 13 

QoS Support Mechanisms in WiMAX.330 

Maode Ma, Nanyang Technological University, Singapore 
Jinchang Lu, Nanyang Technological University, Singapore 


This chapter discusses various QoS support techniques, e.g. QoS support architecture, bandwidth manage¬ 
ment mechanism and packet scheduling schemes proposed in WiMAX networks. The authors evaluate 






representative schemes from each with respect to major distinguishing characteristics of the WiMAX 
MAC layer and PHY layer as specified in the IEEE 802.16d standard. They also discuss and highlight 
research trends on QoS support issues in WiMAX networks. 

Chapter 14 

4G Wireless Networks: Architectures, QoS Support and Dynamic Resource Management.347 

Dimitrios G. Stratogiannis, National Technical University of Athens, Greece 
Georgios I. Tsiropoulos, National Technical University of Athens, Greece 
John D. Kanellopoulos, National Technical University of Athens, Greece 
Panayotis G. Cottis, National Technical University of Athens, Greece 

This chapter looks at what might be the next generation of wireless networks not only in terms of QoS 
provision and the mechanisms related to, but also with regard to network architectures and system de¬ 
sign. QoS requirements related to 4G networks are examined. Heterogeneous networking challenges 
are discussed focusing on the interoperability between different access technologies (e.g. 3G/UMTS- 
WLAN). Various resource management techniques are presented including resource reservation, QoS 
renegotiation, game theoretic resource allocation and dynamic pricing. 

Chapter 15 

QoS-Predictions Service: QoS Support for Proactive Mobile Services.378 

Katarzyna Wac, University of Geneva, Switzerland & University of Twente, The Netherlands 
Melanie Hilario, University of Geneva, Switzerland 
Bert-Jan van Beijnum, University of Twente, The Netherlands 

Richard Bults, University of Twente, The Netherlands & MobiHealth B. V, The Netherlands 
Dimitri Konstantas, University of Geneva, Switzerland 

This chapter examines the QoS-predictions service, providing predictions for QoS of networks avail¬ 
able at a given user’s geographical location and time. In a case study, the authors show the feasibility 
of deriving predictions from historical data collected by a mobile service user. Specifically, this mobile 
user is assumed to be a patient, using his health tele-monitoring service in his daily environments for a 
period of one month. The QoS-predictions service is considered as a novel support for mobile services 
operational in 4G heterogeneous network environments. 

Chapter 16 

Enhanced QoS through Cooperating Schemes in Next Generation Wireless Networks.400 

Dimitris E. Charilas, National Technical University of Athens, Greece 
Athanasios D. Panagopoulos, National Technical University of Athens, Greece 
Philip Constantinou, National Technical University of Athens, Greece 

This chapter collects trends on efficient resource allocation through cooperation among entities in a wire¬ 
less heterogeneous environment and selection of the best solution among a set of alternatives. Initially, 
the problem of network selection is presented. Then, the authors described the basic trends and ideas 
on user cooperation in future networks, emphasizing on cooperation on both physical and application 
layers. Next, it is briefly demonstrated how game theory can be applied to wireless networking. 






Chapter 17 

Admission Control for QoS Provision in Mobile Wireless Networks.427 

Georgios I. Tsiropoulos, National Technical University of Athens, Greece 
Dimitrios G. Stratogiannis, National Technical University of Athens, Greece 
John D. Kanellopoulos, National Technical University of Athens, Greece 
Panayotis G. Gottis, National Technical University of Athens, Greece 

This chapter provides a thorough study of the basic concepts considering Call Admission Control (CAC) 
design and a comprehensive analysis of the fundamental CAC schemes employed in wireless networks. 
The basic performance criterion considering CAC schemes is the probability of denying the access to the 
network for an arriving call, which is extensively studied in this chapter. Moreover, additional perfor¬ 
mance criteria are presented and discussed, which may help to provide an overall efficiency estimation 
of the available CAC schemes. 

Chapter 18 

Efficient Power Allocation in E-MBMS Enabled 4G Networks.458 

Antonios Alexiou, University of Patras, Greece; & Research Academic Computer 
Technology Institute, Greece 

Christos Bouras, University of Patras, Greece; & Research Academic Computer Technology 
Institute, Greece 

Vasileios Kokkinos, University of Patras, Greece; & Research Academic Computer 
Technology Institute, Greece 

This chapter introduces the key concepts of MBMS (Multimedia Broadcast / Multicast Service) services. 
The main target is to highlight the importance of power control and its commanding role during the 
delivery of MBMS multicast content. The power profiles of several transport channels are investigated. 
Moreover, the reader is introduced to certain problems that MBMS current specifications are facing and 
becomes familiar with techniques/solutions proposed to overcome such limitations. Finally, the authors 
discuss several radio bearer selection mechanisms that focus on conceiving and adapting to continuous 
changes that occur in dynamic wireless environments. 


Compilation of References.489 

About the Contributors.528 


Index. 


541 








Foreword 


Wireless networks have been rapidly expanded in business and home environments making the wireless 
market a huge market. PDAs are widely spread, mobile phones with computer capabilities are almost 
everywhere and laptops with wireless connections are selling in great numbers. Wireless networks al¬ 
low somebody to stay connected and be productive no matter where he is. Driven by the mobility of 
society, convenience and ease of use of wireless products, users require the elimination of distinction 
between services offered from wireless and wireline networks. Interactive applications such as IP tele¬ 
phony, streaming video, interactive video games and video telephony have become very popular and 
pose certain tight constraints at the underline network. 

Wireless communication poses new challenges in Wireless Network design. Efficient Medium Access 
techniques, transmission errors at the wireless medium, variable bit rate adjusting to wireless medium 
conditions, connection to the most suitable base station as the mobile user moves around, energy sav¬ 
ing techniques due to limited battery power of mobile devices, best path selection in multi-hop mesh 
networks and admission control of new stations are some of the critical issues that should be addressed 
in efficient Network Design. These new and challenging problems of mobile and wireless network de¬ 
sign, combined with the tight constraints and QoS required by interactive applications is a new fruitful 
area of research. 

In short, this book is a valuable reference to researchers and developers in the fields of wireless net¬ 
work design considering quality of service support; in addition, it will be very useful for new entrants 
in this field as it includes contributions in the most interesting research topics in the field of providing 
interactive applications the required Quality of Service support in modem wireless networks. The variety 
of topics discussed in this book makes it o valuable reference to active researchers. This book presents 
to the wireless network community the current research trends for efficient MAC design to provide QoS 
in wireless networks and inspire future research in this area. 


Vasileios Vitsas 

Technological Educational Institution of Thessaloniki, Greece 


Vasileios Vitsas, B. Sc Electrical Engineering (Aristotelian University of Thessaloniki, GR), M.Sc. Computer Science, (Uni¬ 
versity of California, Santa Barbara, USA), Ph.D. Wireless Communications (Bourtnemouth University, UK), is a professor 
in Computer Networks at the Information Technology Department at Technological Educational Institution of Thessaloniki, 
Greece. He has worked for several years as a Senior Telecommunications Engineer at the Greek Telecommunications Orga¬ 
nization (OTE). Vasileios has served as Head of Department and Head of Division at the Information Technology Department 
at Technological Educational Institution of Thessaloniki. His current research interests lie in wireless and multimedia com¬ 
munications. Vasileios has served as Chair, Technical Program Committee member and Referee for several international IEEE 
journals, conferences and workshops. 



Preface 


Nowadays, wireless networks are considered to be a significant and emerging part of the communication 
networks field. The current prevalent opinion is that in some years a considerable percentage of the data 
networks will be wireless networks. The same time, the network applications are evolving and become 
more resource demanding. Specifically, multimedia traffic tends to be a significant portion of the total 
network load, which leads to stricter transmission requirements. The modem time-bounded network 
applications need to be provided with high throughput, low delay, low jitter, and low loss/drop rate. 
Today, users expect that this type of high quality services can be offered by all kinds of communication 
networks. However, meeting strict transmissionrequirements underthe harsh wireless environment, which 
is characterized by scarce bandwidth, unreliable links, and limited range, is quite challenging and it has 
actually formed a very active research field in the last years. A straightforward approach to this whole 
issue is the effort to physically maximize the available data rate and link quality. It is certain that there 
has been lately great development in the respective area, which has led to efficient signal modulation 
techniques and has definitely improved the overall performance of wireless data transmissions. However, 
the increasing demands necessitate global solutions that involve cross-layer approaches. Specifically, 
modem wireless networks need to provide total Quality of Service (QoS), which in practice means ef¬ 
ficient differentiation of the offered traffic flows based on their nature and serving them according to 
their specific needs. This concept includes adaptive control of the physical layer, optimized medium 
access control for serving mixed-type traffic load, efficient routing algorithms that can provide end-to- 
end transport guarantees, and QoS-aware higher layer protocols which can be automatically adjusted 
to the user needs and the network limitations. Furthermore, part of the provided Quality of Experience 
(QoE) in a wireless network environment has become the available energetic autonomy of the mobile 
devices, thus, power conservation techniques are also considered to participate in the total QoS provi¬ 
sion concept. 

Cutting edge approaches for the provision of QoS in wireless local area networks are examined in 
this book. The Enhanced Distributed Channel Access (EDCA) and the Hybrid Control Channel Access 
(HCCA) protocols, which constitute the Hybrid Coordination Function (HCF), that is the Medium Ac¬ 
cess Control (MAC) scheme of the IEEE 802. lie standard, are discussed. The authors present latest 
solutions towards the optimization of the cha nn el management and routing in infrastructure and ad hoc 
wireless networks. This book also analyzes traffic categorization issues and methods that can predict the 
available QoS. Moreover, cross-layer designs (especially PHY-MAC) are presented, which can efficiently 
serve multimedia traffic over wireless links. Energy conservation techniques for the maximization of 
the mobile devices’ battery lifetime are also examined. Furthermore, the book introduces the reader to 
modem methods of managing wireless mesh networks and controlling wireless sensor networks. 

State of the art mechanism s that ensure QoS support in wireless wide area networks are presented, 
too. Topology control issues for extended point-to-point wireless networks are examined. The book also 



discusses the new IEEE 802.16 standard, known as WiMAX, focusing on traffic scheduling techniques. 
The reader can thoroughly study future network cooperation under the promising 4G architecture by 
examining issues related with allocating resources, managing new connections, and predicting the QoS 
level that can be offered. Additionally, the role of power control in supporting MBMS (Multimedia 
Broadcast / Multicast Service) services over 4G networks is analyzed. 

The target audience of this book includes students on computer science and communications engi¬ 
neering that need a good background and understanding of the subject area, scholars and researchers 
whose area of interests is wireless networks - QoS and need a reliable reference for their study, and 
people working in the wireless communications industry and require a modem book that can support 
their effort to enhance their current services and develop new ones. The book can be proved valuable 
as a library reference, useful in computer science, informatics, electronic-electrical engineering, and 
communications engineering departments. It can also serve as a course supplement for graduate studies 
on computer networks, wireless communications, and multimedia applications. Instructors in the above 
mentioned scientific areas would find this book useful as a resource, when teaching (among others) about 
the evolution of wireless networks, the nature and characteristics of network traffic, resource management 
algorithms, medium access control protocols, multihop network control, network simulation techniques, 
and power saving trends. 

The book is organized into two sections. Section 1 discusses QoS provision techniques for wireless 
networks that mainly target local area networks (WLANs). Chapter 1 presents the Priority Oriented 
Hybrid Access (POHA) scheme, which is formed by the combination of two different MAC protocols 
for WLANs. This scheme is examined in comparison to the hybrid MAC protocol defined in the IEEE 
802. lie standard, HCF. Chapter 2 presents the Distributed Queueing Collision Avoidance (DQCA) MAC 
protocol for infrastructure wireless networks. Based on a cross-layer approach, four traffic scheduling 
algorithms are also proposed. Chapter 3 introduces a mechanism for strict QoS guarantee in WLANs. 
Its performance is examined compared to the defined IEEE 802. lie HCCA scheme. Chapter 4 proposes 
a dynamic queue length scheduling technique for wireless networks with heterogeneous traffic. It also 
examines the impact of modem multi-antenna solutions to the higher network layers. Chapter 5 describes 
traffic prediction models, including time series models, artificial neural network models, wavelet-based 
models, and support vector machine-based models. The authors study the application of a support vec¬ 
tor machine in a WLAN and examine its behavior along with other models. Chapter 6 analyzes power 
consumption minimization of video transmission over wireless links. The authors adopt a cross-layer 
approach, which takes into account the video coding and the wireless communication process. Chapter 
7 examines power saving issues related with medium access control and routing algorithms in wire¬ 
less networks. The respective protocols proposed in the chapter are finally evaluated in comparison to 
other well-known protocols. Chapter 8 discusses modem end-to-end QoS support solutions. The au¬ 
thors study the issues raised by the coexistence of mobility management and MAC protocols. Chapter 
9 describes the Control and Provisioning Wireless Access Protocol (CAPWAP), which is related with 
the management of centralized WLANs. The authors examine the possibility to use this protocol for 
QoS monitoring and adjusting. Chapter 10 provides a detailed overview of QoS provision in multi-hop 
ad-hoc networks. It presents related issues in each one of the physical, data link, and routing layers. 
Cross-layer approaches are also examined. Chapter 11 discusses heuristic geographic routing techniques 
for wireless networks. The authors introduce a new performance measure and compare the presented 
algorithms using simulation. 

Section 2 discusses QoS provision techniques for wireless networks that mainly target wide area 
networks (WWANs). Chapter 12 presents topology control solutions in wireless mesh networks, in 
terms of employing power control or not. The authors present the Path Reduction (PR) algorithm that 



is described via simulation. Chapter 13 is about QoS provision techniques in WiMAX networks. Vari¬ 
ous resource management schemes proposed for IEEE 802.16 networks are examined and evaluated. 
Chapter 14 provides a complete overview of the next generation wireless networks area. The 4G concept 
is examined and various techniques for QoS provision in a heterogeneous network environment are 
provided. Chapter 15 examines the process of predicting the QoS characteristics provided by the locally 
available networks in a 4G architecture. The specific case study involves a health tele-monitoring service. 
Chapter 16 analyzes the network selection problem inside a heterogeneous network environment. The 
authors present the latest approaches and introduce the application of the game theory concept in the 
specific subject area. Chapter 17 thoroughly examines the call admission control in wireless networks. 
The authors analytically study the performance of the available relative schemes focusing on the admis¬ 
sion denying probability. Lastly, Chapter 18 presents the basic approaches in delivering MBMS content 
inside a 4G network architecture. The authors focus on power control adaptation issues when operating 
under variable network conditions. 

In overall, this book aggregates technologies related to QoS support in wireless networks. This pub¬ 
lication targets in explaining all related issues, the problems that arise when trying to provide different 
and demanding services over wireless networks, the theoretical background, the evolution of traditional 
related technologies and the solutions given so far, and moreover, the book presents the latest research 
concepts and relevant ideas regarding near-future implementations. The selected chapters cover most 
of the aspects of this modem and promising area that till now was usually presented in a segmental way 
in literature. Finally, this book could potentially become: a) a guidebook for readers entering the area of 
QoS support in wireless networks, b) a reference for scientists who need to gain up-to-date knowledge 
of the latest related technologies, and c) a source of ideas and new trends for researchers who work on 
the area of QoS provision in wireless networks. 
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Chapter 1 

Hybrid Approach to 
Integrated QoS Capable 
Protocols for Wireless LANs 

Thomas D. Lagkas 

University of Western Macedonia, Greece 


ABSTRACT 

The recent evolution of wireless networking has led the market to increased service demands. Thus, the 
emerged necessity is to develop specialized mechanisms that provide efficient QoS (Quality of Service) for 
both traditional and modern network applications in the challenging wireless environment. The respec¬ 
tive IEEE proposal comes from the 802. lie workgroup which has developed the Hybrid Coordination 
Function (HCF). HCF is definitely capable of providing QoS, however, it exhibits significant limita¬ 
tions. This work presents an alternative protocol with improved behavior and performance. The Priority 
Oriented Hybrid Access (POHA) is a complete channel access mechanism able to provide integrated 
QoS for all types of traffic and network applications. POHA combines a polling based and a TDMA 
access scheme, adapts to the dynamic conditions of modem WLANs, improves channel utilization and 
station feedback, provides medium contention fairness, eliminates collisions, differentiates traffic based 
on priorities, supports dynamic resource assignment, and instantly negotiates the quality levels of the 
offered traffic streams trying to support multiple streams with best possible quality. POHA, compared 
with HCF, exhibits generally superior performance. 


INTRODUCTION 

Nowadays, users expect the wireless networks to 
provide qualitative services similarly to the wired 
ones. The initial role of the WLANs gradually 
changes, so they are no longer considered to be 
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simple extensions of the wired networks with limited 
capabilities. The modem needs for extended mo¬ 
bility, real-time communications, and multimedia 
traffic transmissions have significantly increased 
the network requirements. Lately, great develop¬ 
ment has been observed in the area of the wire¬ 
less physical layer. In a few years, the maximum 
throughput has risen from 1 Mbps, in legacy IEEE 
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802.11 (IEEE 802.11 WG, 1999) to 100 Mbps 
or more, as measured at the MAC data service 
access point in IEEE 802.1 In (IEEE 802.1 In/ 
D11.0, 2009). This development has provided 
the opportunity to employ WLANs for demand¬ 
ing network applications. However, the wireless 
environment exhibits special characteristics that 
make it rather unreliable. Thus, specialized access 
mechanisms are needed to optimize the wireless 
network performance. 

Efficiently serving different types of simul¬ 
taneous traffic flows under the harsh wireless 
conditions is challenging. Modem networks have 
to be able to provide extended QoS, so that the 
final user experiences no deficiencies in any kind 
of communication. The medium access control 
mechanism plays a crucial role in QoS provision. 
However, it is definitely inefficient to adopt a 
wired LAN access control protocol in a wireless 
LAN. The wired LANs are characterized of fixed 
links, while, nowadays, the use of inexpensive 
switching devices has eliminated their collision 
domains. On the other hand, in a wireless LAN 
the links are variable and the bandwidth is shared 
to all the nodes through the common transmission 
medium (the air), that comprises a large collision 
domain. Furthermore, there are some phenomena 
which are only met in the wireless environment, 
like the hidden station and the exposed station 
problems. 

The IEEE proposal regarding QoS in WLANs 
comes from the 802. lie workgroup and is called 
HCF (IEEE 802.1 le WG, 2005). Of course, there 
are several relative access mechanisms proposed 
in literature, however, HCF is the most promising 
one, since it belongs to the well known 802.11 
family of standards, it is backward compatible 
with the dominant 802.11 network, it seems to 
be supported by the industry (although there are 
hardly yet any network products adopting it), and 
it is generally a high-quality approach. The HCF 
scheme considers a contention based (Enhanced 
Distributed Channel Access - EDCA) and a 
contention free protocol (Hybrid Control Chan¬ 


nel Access - HCCA). Besides their qualitative 
characteristics, EDCA and HCCA exhibit some 
significant limitations regarding the provided QoS, 
while efficiently supporting integrated traffic in a 
wireless environment is rather challenging. 

This chapter discusses a hybrid access scheme 
capable of efficiently supporting all types of net¬ 
work communications under the harsh conditions 
of the wireless medium. The Priority Oriented 
Hybrid Access (POHA) protocol (Lagkas et al., 
2007b) is a combination of two different channel 
access control mechanisms, POAP (Priority Ori¬ 
ented Adaptive Polling) and POAC-QG (Priority 
Oriented Adaptive Control with QoS Guarantee). 
POAP (Lagkas et al., 2008) is a polling-based 
access scheme which uses an efficient network 
feedback method in order to improve decision 
making regarding medium allocation. It is a 
flexible random access control protocol able to 
provide QoS by exploiting packet priorities and 
stations’ status information without necessitating 
QoS requests. At this point, it should be clarified 
that in this chapter we call “packets” all the data 
units that require transmission without differen¬ 
tiating between frames (lower layer data units) 
and packets (higher layer data units). There is no 
need for this kind of differentiation in this work, 
thus, we intend to keep terms simple and clear. 
POAC-QG (Lagkas et al., 2007a) is a resource 
reservation access scheme which dynamically al¬ 
locates time slots to the QoS requesting stations. It 
is capable of guarantying QoS to real-time Traffic 
Streams (TSs) of variable bandwidth demands, 
while instantly negotiating the best combination 
of the served applications’ quality levels. 

The chapter initially provides some back¬ 
ground information about QoS supportive MAC 
protocols. Then, the IEEE 802.lie HCF protocol 
is presented and the behavior of the EDCA and the 
HCCA access schemes is discussed. The descrip¬ 
tion of the POHA protocol follows next, where 
the combined operation of POAP and POAC-QG 
is analyzed. After that, we present our simulation 
environment and we comment on the comparison 
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results of POHA and HCF. The chapter completes 
with some future research directions and a section 
of conclusions. 


BACKGROUND 

Medium Access Control (MAC) protocols are 
responsible for ensuring efficient and fair sharing 
of the available bandwidth. In wireless networks, 
the role of the MAC protocol is crucial. The avail¬ 
able resources are limited, so there is a great need 
for efficient control of the transmissions. QoS 
support is also strongly related with the access 
control mechanism. A QoS supportive MAC 
protocol is able to distinguish different types of 
traffic and treat them accordingly. Usually, traffic 
is prioritized and high priority data is favored by 
the access control mechanism. A classification of 
the traffic considered by this work can be found in 
(Chandra et al., 2000; Akyildiz et al., 1999) and is 
presented in Table 1. Furthermore, the employed 
channel access mechanism can involve power 
saving methods which help the mobile stations 
to conserve battery energy. 

Regarding QoS support in wireless LANs, the 
ad hoc network topology is the most ineffective 
one, mainly due to the absence of central control. 
However, the use of packet priorities can partially 
provide QoS, thus, there are some distributed MAC 
protocols that favor high priority packets. In decen¬ 
tralized WLANs, the level ofQoS support depends 
on the network characteristics, such as load and 


number of stations. Specifically, distributed ac¬ 
cess mechanisms are contention based, thus, high 
load and increased number of stations cause high 
collision rate and low cha nn el utilization. Under 
these conditions, packet delay and loss rate are 
increased. Representative distributed protocols 
which support QoS are EY-NPMA (Elimination 
Yield - Non Preemptive Multiple Access) and 
EDCA. The EY-NPMA protocol (ETSI, 1998; 
Papadimitriou et al., 2003) is used in HIPERLAN 
(High PERformance Local Area Network), which 
is standardized by ETSI (European Telecommu¬ 
nications Standards Institute), and it is based on 
active signaling in order to avert simultaneous 
data trans mi ssions. The EDCA protocol is used 
by IEEE 802. lie and it is described in more detail 
later in the chapter. 

Centralized infrastructure wireless networks 
are more suitable for supporting QoS. The access 
control and the schedule mechanism are imple¬ 
mented in the AP, which is responsible for giving 
transmission permissions to the mobile stations. 
One of the centralized access methods that pro¬ 
vide QoS involves station polling according to 
the previous or following packet priorities. This 
method does not include bandwidth reservation. 
The AP analyzes the feedback that gets from the 
stations and decides which one should be allowed 
to transmit, taking into account packet priorities. 
These polling schemes usually ensure low colli¬ 
sion rate and high channel utilization, and they can 
provide QoS, while supporting background traffic 
transmissions. The QAP (QoS supportive Adap- 


Table 1. Classification of traffic 


Traffic Type 

Examples 

Characteristics 

CBR 

(Constant Bit Rate) 

real-time voice-video 

efficient bandwidth reservation 
fast digital encoding 
increased produced data 

nrt-VBR 

(non-real-time Variable Bit Rate) 

background data trans- 

high reliability required 
delay-jitter tolerant 

rt-VBR 

(real-time Variable Bit Rate) 

real-time audio-video 

changeable bandwidth requirements 
increased encoding delay 
compressed produced data 
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tive Polling), the SQAP (Simple QoS supportive 
Adaptive Polling), the GRAP (Group Randomly 
Addressed Polling) [12] and the POAP protocols 
belong to this class of access mechanisms. QAP 
(Lagkas et al., 2006a) exploits the known prior¬ 
ity of the last sent packet to implement polling. 
SQAP (Lagkas et al., 2006b) is based on a similar 
technique, but using a much simpler decision 
mechanism. GRAP (Chen & Lee, 1994) adopts 
the concept of stations group forming according 
to their priorities. Lastly, POAP is presented in 
detail as part of the POHA protocol. 

Guaranteed QoS in a WLAN can be provided 
by the reservation centralized protocols. The 
respective access mechanism s give the ability to 
the different traffic streams to reserve bandwidth. 
According to this model, the stations send trans¬ 
mission requests to the AP asking for transmis¬ 
sion intervals, usually using a contention based 
scheme. The scheduling algorithm implemented 
in the AP decides the bandwidth distribution in the 
contention free period according to the stations’ 
requests, the priorities, the available resources etc. 
This type of channel access method guarantees 
QoS by ensuring that the packet delay of a traffic 
stream will not exceed an agreed maximum limit, 
however the value of the actual packet delay and 
jitter vary and depend on the specific protocol. 
The usual drawbacks of this model include the 
waste ofbandwidth at the contention basedperiod, 
because of the high collision probability, and the 
inability to efficiently support all types of real-time 
traffic. Specifically, if the assigned transmission 
periods remain constant for the whole duration of 
the communication, then VBR traffic cannot be 
efficiently supported. Moreover, this type of pro¬ 
tocols cannot operate independently, since they are 
notable to serve best-efforttransmissions. Typical 
examples ofreservation centralized protocols are: 
DQRUMA (Distributed-Queuing Request Update 
Multiple Access), MASCARA (Mobile Access 
Scheme based on Contention and Reservation 
for ATM), DSA++ (Dynamic Slot Assignment), 


PRMA (Packet Reservation Multiple Access), 
HCCA, and POAC-QG. The general concept of 
the previously mentioned protocols is focusing on 
the real-time traffic and the use of a contention 
based scheme, like EDCA, for the transmission 
of the requests and the non-real-time data. For 
example, in DQRUMA (Karol et al., 1995), the 
uplink consists of a request channel, used to send 
contention requests, and a data channel, used to 
send data. The downlink slot is responsible for 
acknowledging the contention requests, grant¬ 
ing transmit-permission and carrying data to the 
nodes. MASCARA (Bauchot et al., 1996) uses 
variable-length time frame, which consist ofthree 
periods: broadcast, reservation, and contention. 
The broadcast period contains control information 
from the AP to the nodes, the reservation period 
consist of the uplink and downlink data transmis¬ 
sions, and the contention period is used to send 
requests to the AP. DSA++ (Petras & Cramling, 
1996) schedules the data transmissions using a 
heuristic algorithm. This algorithm prioritizes the 
requests and assigns the next slot to the node with 
the highest priority. In PRMA (Kim & Widjaja, 
1996; Dyson & Haas, 1999;Bianchietal., 1997), 
the transmission of voice packets requires reserva¬ 
tion of uplink slots, while no reservation is made 
for a data transmission. Different versions of the 
PRMA protocol have been proposed to improve 
its performance. Lastly, HCCAand POAC-QG are 
thoroughly described in the following sections. 
This classification of the QoS supportive MAC 
protocols is presented in Table 2. 

THE IEEE 802.11 E HYBRID 
COORDINATION FUNCTION 

The need for QoS support in the wireless local 
area networks has led IEEE to form the 802.lie 
workgroup. The objective was to enhance the 
existing 802.11 MAC protocol with QoS capable 
characteristics. The new medium access control 
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Table 2. Classification of QoS Supportive MAC Protocols 


Protocol Type 

Examples 

Characteristics 

Distributed 

EY-NPMA 

EDCA 

no infrastructure required 
low performance 
poor QoS support 

Centralized 

Random Access 

QAP 

SQAP 

GRAP 

POAP 

high performance 
not guaranteed QoS support 
low feedback requirements 

Reserved Access 

DQRUMA 

MASCARA 

DSA++ 

PRMA 

HCCA 

POAC-QG 

increased QoS guarantee 
not optimal channel utilization 
high feedback requirements 


had to retain backward compatibility with the 
legacy 802.11 scheme, so that it would be possible 
for the old and new wireless stations to cooperate 
under the same base station. 

The super-frame of the legacy 802.11 MAC 
protocol involves the operation of a distributed 
and a centralized access scheme. The first one is 
the Distributed Coordination Function (DCF), 
while the latter is the Point Coordination Function 
(PCF). DCF is based on a CSMA/CA algorithm 
and is able to implement virtual carrier sens¬ 
ing using a control packets’ handshake. PCF is 
optionally employed in the legacy 802.11, it can 
operate along with DCF, and it adopts polling in 
order to give the wireless stations the permission 
to transmit. 

The above schemes have no QoS capabilities, 
however, some modifications that enhance partial 
QoS support have been proposed (Ni et al., 2004). 
IEEE decided to enhance them with advanced 
features, thus, the new version that corresponds 
to DCF is the EDCAprotocol, while the one cor¬ 
responding to PCF is the HCCA protocol. EDCA 
is able to operate in ad hoc and infrastructure 
mode, it is based on the same CSMA/CA algo¬ 
rithm employed by DCF, however, it provides QoS 
by differentiating traffic using packet priorities. 
HCCA adopts resource reservation to guarantee 


QoS, it adopts station polling similarly to PCF, 
and it is designed to serve exclusively real-time 
traffic in infrastructure mode. 

EDCA and HCCA operate in consecutive 
periods of the HCF super-frame. The periods 
during which EDCA takes place are called Con¬ 
tention Periods (CPs), while the periods during 
which HCCA takes place are called Contention 
Free Periods (CFPs) or Controlled Access Pe¬ 
riods (CAPs). Every super-frame starts with a 
CFP followed by a CP, however, the base station 
(called Hybrid Coordinator - HC by the HCF 
protocol) is able to initiate several CAPs during 
a CP. The time interval during which a station is 
allowed to transmit data is called Transmission 
Opportunity (TXOP). The interval between two 
consecutive HCCA TXOPs assigned to a station 
defines a Service Interval (SI). The EDCA and 
HCCA protocols are described in more detail in 
the following two subsections. 

Enhanced Distributed 
Channel Access 

As DCF is necessary for the operation of the legacy 
IEEE 802.11 MAC protocol, EDCA is necessary 
forthe operation of the IEEE 802. lie MAC proto¬ 
col. It is already mentioned that EDCA e nh ances 
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DCF with QoS capabilities. This is achieved via 
the support of prioritized traffic based on the 
DiffServ model. 

The medium access algorithm adopted by 
EDCA is CSMA/CA. According to it, each 
wireless station that needs to transmit a packet 
senses the carrier. If the carrier is found idle 
for an interval equal to an Arbitrary Distributed 
Interframe Space (AIFS), then the station can 
proceed to the transmission of the packet. When 
the channel is sensed busy, the station waits until 
it becomes idle and defers for an AIFS interval. 
After this interval, if the channel has remained 
idle, the station backs off selecting a uniformly 
distributed random number of time-slots from a 
contention window (CW). When the cha nn el is 
sensed idle, the backoff counter decreases. When 
it reaches zero, the packet is transmitted and an 
acknowledgement (ACK) is expected. Since a 
wireless network interface is not able to listen 
and transmit simultaneously, a wireless station 
ca nn ot directly detect collisions, but it assumes 
transmission failure by the ACK absence. In this 
case, it starts the whole backoff procedure again, 
using a larger contention window. The reason is 
to avoid a possible collision the next time. 

The collision avoidance mechanism of the 
CSMA/CA algorithm is based on the use of the 
RTS/CTS (Request To Send/Clear To Send) hand¬ 
shake. This mechanism is able to limit the hidden 
station problem, which is present in the wireless 
environment and the cause of collisions’ increase 
and general performance degradation. This prob¬ 
lem is due to the fact that each wireless station may 
have a different view of the medium status. Thus, 
a station that has won medium contention and is 
readyto send data initially transmits a RTS control 
packet in order to inform the listening stations of 
the coming data trans mi ssions. This way, these 
stations will not interfere with the new commu¬ 
nication. The destination station which receives 
the RTS replies with a CTS control packet. The 
neighboring stations detect the CTS transmission 
and will remain silent during the communication 


that is going to take place. It should be noticed 
that the stations close to the receiver are mainly 
responsible for data collisions. The drawback of 
this scheme is the significant overhead increase 
and the fact that it does not completely eliminate 
collisions. 

In order to differentiate traffic, EDCA divides 
it to Access Categories (ACs). Each AC contends 
independently for the medium, thus, in every sta¬ 
tion multiple backoff instances take place, each 
one parameterized specific for each AC. There is 
a different packet buffer corresponding to each 
one of the four ACs. According to the DiffServ 
model, there are eight possible User Priorities 
(UPs) assigned to the generated traffic. The eight 
UPs are mapped to the four ACs. This way traffic 
is differentiated. Each AC within the stations starts 
an independent backoff procedure after detecting 
the cha nn el idle for an AIFS. The high priority 
traffic should have better chances of occupying 
the medium, for this reason, the higher ACs are 
assigned lower AIFS values. Moreover, the high 
ACs select backoff slots from smaller contention 
windows. Thus, a high priority packet will prob¬ 
ably adopt a smaller waiting interval, so it will have 
increased chances of winning the contention. This 
scheme completes the EDCA QoS support. 

There are some drawbacks related to the op¬ 
eration of EDCA. First of all, it is only able to 
provide limited QoS. The backoff intervals waste 
valuable bandwidth and the hidden station problem 
increases collisions which lead to performance 
degradation. The use of the RTS/CTS hand¬ 
shake limits this problem, however, it increases 
overhead. Furthermore, the use of exponential 
backoff does not favor QoS provision. According 
to the respective algorithm, the colliding packets 
have less chance to gain medium access than the 
newly contending packets. This is negative for 
the QoS support, because the colliding packets 
experience longer waiting times while the newly 
contending packets are transmitted sooner. Thus, 
time-critical packets may exhibit increased drop 
rates under increased load and bad link condi- 
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tions. Generally, exponential backoff can cause 
high variation of throughput and delay in over¬ 
loaded situations. Moreover, it has been shown 
that EDCA can be unfair when wireless stations 
experience different conditions (Pong & Moors, 
2004). Some approaches that enhance EDCA can 
be found in (Hamidian & Komer, 2006; Ge et 
al., 2007; Shankar & Schaar, 2007). An analysis 
on the performance limitations caused by EDCA 
overhead can be found in (Wang & Helmy, 2006). 
Conclusively, EDCA definitely enhances the 
legacy DCF access mechanism with QoS support, 
however, it is shown that it can actually serve 
only limited traffic of low QoS requirements. It 
becomes obvious that an alternative protocol with 
higher channel utilization, more efficient QoS 
support, and fair resource assignment could be 
probably used. 

Hybrid Control Channel Access 

HCCA is the optional part of HCF. According to 
it, the HC decides the TXOPs granted to the QoS 
enhanced wireless stations. The HC, which is re¬ 
sponsible for the central control, is actually located 
at the AP, so this work never refers particularly 
to the HC, but generally to the AP. 

As it is already mentioned, the HCF super- 
frame (or beacon interval according to the IEEE 
802. lie terminology) is composed of alternated 
CFP, CP, and CAP modes. HCCA operates both 
during CPs and CAPs. At the start of the super¬ 
frame, the AP transmits a beacon signal containing 
control information. A CFP-End message broad¬ 
casted by the AP signals the end of the CFP. The 
AP can initiate a CAP by occupying the channel 
using a CF-Poll message, which grants HCCA 
TXOPs to the stations. 

According to the HCCA operation, every TS, 
which has its own packet buffer, sends a QoS 
request to the AP. This request contains the Traf¬ 
fic Specifications (TSPECs) of the specific TS, 
such as the mean data rate, the MAC Service Data 
Unit (MSDU) size and the maximum Required 


Service Interval (RSI). The scheduler calculates 
first the minimum value of all the RSIs, and then 
chooses the highest submultiple value of the 
beacon interval duration as the selected Service 
Interval (SI), which is less than the minimum of 
all the maximum RSIs. 

The basis of the scheduler that calculates the 
TXOPs is the fact that a TXOP should be long 
enough to allow the transmission of all the packets 
generated during a SI in a TS buffer. The mean 
number of packets (N) generated in the TS buffer 
(i) for a station (/) during a SI is: 


where r is the application mean data rate and 
M v is the nominal MSDU size. The TXOP (77) is 
finally calculated as follows: 

N.M., M 

T. = max (—-—— + 2SIFS + T irr , —+ 2SIFS + T ) 

,, R ACK R ACKA 

( 2 ) 


where R is the transmission rate supported by the 
physical layer and M . is the maximum MSDU 
size. The time interval 2SIFS+T ACK corresponds 
to the overhead during a TXOP. Equation (2) 
guarantees that the TXOP will be long enough 
for the transmission of at least one packet with 
maximum size. The total TXOP assigned to a 
station is the sum of the TXOPs assigned to the 
different TSs of this station, that is: 

Fi 

1XOP j =Yj T ij ( 3 ) 

where F is the number of TSs in station j. The 
ad mi ssion control algorithm checks for available 
bandwidth before assigning TXOP to a new TS. 
The fraction of total time assigned to a station j 
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Figure 1. The POHA superframe 
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is: TXOP/SI. If the total number of QoS stations 
that are assigned TXOPs is K, then the scheduler 
needs to check if the new request of TXOP K+1 will 
keep the fraction of time allocated for TXOPs 
lower than the maximum fraction of time that can 
be used by HCCA: 


TXOP ,, *TXOP. T . 

- T±L + y - L <_cabu S!L 

SI fg SI T 


(4) 


where T CAPLmt is the maximum duration of HCCA 
in a beacon interval (T Reacor ). 

The HCCA protocol exhibits some significant 
weaknesses. For example, the use of polling pack¬ 
ets wastes valuable bandwidth. Amaj or drawback 
of HCCA is related to the scheduler. Specifically, 
the allocation of fixed TXOPs leads to inefficient 
support of VBR traffic, because possible sudden 
increases of the generated bit rate would cause 
increased delays and packet drops. Moreover, the 
scheduling algorithm does not take into account 
prioritizedTSs. Itjustuses the qualityrequirements 
in order to assign TXOPs. This means that the 
traffic is not efficiently differentiated according 
to the demands for QoS. It can be seen that a new 
efficient protocol that could always guarantee 
QoS would be useful. 


PRIORITY ORIENTED 
HYBRID ACCESS 

The necessity for aproposal alternative to the HCF 
protocol, which would offer improved QoS sup¬ 
port and exhibit generally superior performance 
led to the development of the POHA protocol. 
POHA comprises two modem different access 
mechanisms; POAP and POAC-QG. The concept 
is to combine a QoS supportive flexible general 
purpose access scheme, like POAP, with a scheme 
of strict QoS provision specified for real-time 
communications, like POAC-QG. Thus, the POHA 
super-frame is divided into POAP and POAC-QG 
operation periods. The periods during which POAP 
takes place are named Polling-based Random 
Access (PRA) periods and they are essential for 
the operation of the POHA protocol. POAC-QG 
operates during the Resource Reservation Access 
(RRA) periods, which can dynamically change 
duration having a predefined ma xi mum limit. The 
POHA super-frame is depicted in Figure 1. 

Priority Oriented Adaptive Polling 

POAP is built in order to exploit the usual pres¬ 
ence of an AP in a WLAN and support qualitative 
services. Its purpose is to serve all types of traffic 
by improving the fundamental network feedback. 
It targets on providing QoS by taking dynamically 
into account the traffic characteristics. Fairness is 
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Figure 2. The polling model employed in POAP 
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provided be preventing any station from dominat¬ 
ing the cha nn el. 

POAP assumes a cellular topology where 
the AP polls the stations to give transmission 
opportunities. The introduced model nullifies 
collisions and decreases overhead while ensuring 
efficient feedback. The employed control pack¬ 
ets are: POLL, NO DATA, and STATUS, with 
transmission duration t poLL , t NODATA , and t STATUS , 
respectively. A STATUS packet is marked as ACK 
or NACK according to the specific case. The time 
needed to transmit a DATA packet is t DATA and the 
propagation delay is t PKnp nFJ jr Figure 2 presents 
the polling events. 

• Polling a station that has no buffered pack¬ 
ets to transmit. 


The AP sends POLL to the wireless station at 
time t and waits for feedback. The station responds 
with NO DATA, which is received by the AP 

at t+t POLI +t NO DATA +2t pROP DELAY Then, the latter 
initiates new polling. 

• Polling a station that has buffered packets 
to transmit. 

The AP sends POLL to the wireless station at 
time t and waits for feedback. The station replies 
with a STATUS packet marked as ACK, which 
carries the destination address and the size of the 
following DATA packet. Then, the polled station 
starts transmitting the DATA packet directly to 
the destination station. Upon successful recep¬ 
tion of the DATA packet, the destination station 
broadcasts a STATUS packet marked as ACK. 
Otherwise, if the reception fails but the station 
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has realized that the specific packet is destined 
to it, it responds with a STATUS packet marked 
as NACK. The transmission of a NACK is not 
wasted time, since either way the stations had 
to wait for a possible ACK. As we will see later, 
each STATUS packet contains valuable feedback 
for the AP. The latter can proceed to a new poll at 
time t+t poLL +t DATA +2t STATUS +4t pROP DELAr It should 
be noticed that we consider variable DATApacket 
size, thus, t is not constant. 


Polling fails or the receiver fails to receive 
any feedback after polling. 


In case the corresponding station does not 
successfully receive the POLL packet from the 
AP, the polling procedure fails. The AP has to 
wait for the maximum polling cycle before pro¬ 
ceeding to a new poll, since it has to be certain 
that it will not collide with a possible ongoing 
tran smi ssion which is not detectable by the AP. 
When the POLL packet is received successfully 
by the polled station, but then the AP fails to 
receive any feedback, that is it cannot detect the 
following control and data packets, it waits for 
the maximum polling cycle similarly to the previ¬ 
ous case. The duration of the maximum polling 

c y cle is t roLL +t MAXDAm + 2 t suTus + 4 t PROP_DEUY ’ where 
t MAX data ' s transmission duration of the largest 
allowed DATA packet. At the end of the maxi¬ 
mum polling cycle, it is certain that the medium 
is idle in any event. When such a co mm unication 
failure occurs, the AP lowers the probability to 
choose this station in the new polling procedure 
assuming a bad link between them. It also has to 
be mentioned that it is most likely that the AP will 
eventually receive some feedback either from the 
polled or the destination station. 

Furthermore, it is possible to have multiple 
successive data packets destined to the same sta¬ 
tion with total duration no longer than t MAX DATA 
and a single block acknowledgement. This way, 
bursty traffic with strict QoS requirements could 
be more effectively supported. 


The presented polling model provides efficient 
feedback, low overhead, and high channel utiliza¬ 
tion, while it eliminates collisions. The purpose 
of the control packets is to keep the stations in¬ 
formed of the network’s status and mi ni miz e the 
idle intervals. The AP needs to monitor transmis¬ 
sions so that it can proceed to the next poll right 
after the completion of a communication. For this 
reason, it has to be aware of the actual duration 
of the specific polling cycle. In order to gain this 
knowledge, the AP just has to successfully detect 
the NODATApacket or the STATUS ACKpacket, 
which contains the duration of the following data 
transmission, or the DATApacket from the polled 
station or the STATUS ACK-NACK packet from 
the destination station. 

Figure 3 shows the packet choice mechanism 
introduced in POAP. First of all, if there are no 
buffered packets, the polled station replies with 
NODATA. The normalized priority (P pR ) andnor- 
malized number of buffered packets (P p ) are then 
calculated for each buffer. Specifically, assuming 
that the priority of buffer i is equal to p[i\=i+l, 
so that it is not null for AC[0], then: 

( 5 > 

Also, if b\i\ is the number of packets carried 
by buffer i, then it holds: 

r,[.']=i[>l/EL*M («) 

In order to control the contribution of the buffer 
priority and the buffer load to the final buffer choice 
probability (P), we use the weights W pR (default 
value 6) and W B (default value 2) for P pR and P B , 
respectively. Specifically, when in the network 
configuration the purpose is to extendedly favor 
high priority traffic, then W pR is set to a high value 
compared to W B , otherwise, if the configuration 
should be able to efficiently serve highly loaded 
stations, then the value of W B is raised. The default 
values have resulted from the actual meaning of 
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Figure 3. The packet choice mechanism of POAP 



the parameters, simulation analysis, and tests 
which have shown that when the priority weight 
is three times higher than the buffer load weight, 
then the resulted buffer choice probability ensures 
the combination of efficient traffic differentiation 
and relatively low packet delays for all the buffers 
in most network conditions. We use the values 6 
and 2 rather than 3 and 7, because value 1 is as¬ 
signed to the weight W T which is introduced later. 
The non-normalized final probability of choosing 
a packet from buffer i is: 

m=W n xP rR \i\ + W,xP B [i\ (7) 

At this point, it should be clarified that when 
we use the term “non-normalized probability” 
(like in Equation 7), we imply a quantity that 
does not necessarily range between 0 and 7, but 
when normalized it represents some probability. 
Apparently, when W PR is higher than W B , probably 
a high priority buffer will be chosen for transmis¬ 
sion. On the other hand, if W R is increased, it is 


more probable to choose a packet from a highly 
loaded buffer. The normalized choice probability 
is finally equal to: 

= W 09 

The earliest generated packet in the selected 
buffer is finally chosen for transmission. 

In order to keep the AP informed of the sta¬ 
tions’ status, we exploit the use of the ACK and 
NACK messages, which are already useful in the 
polling scheme. Specifically, apart from the use 
of the STATUS control packet in acknowledging 
the packet receptions, it also carries its source 
station’s priority score. Specifically, according 
to this modem feedback engine, when a station 
broadcasts a STATUS packet, it includes its priority 
score, which is introduced as an indication of the 
station’s buffered traffic status. It depends on the 
priority of each buffer and the number of packets 
it contains. The priority score of station j is: 
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Figure 4. The station choice mechanism ofPOAP, where N are all the stations including theAP 



(9) 

The AP examines every STATUS packet in 
order to update the stored priority score of the 
transmitting station. The priority score formula 
is based on the concept that a station with more 
packets in high priority buffers should have 
higher transmission probability. Furthermore, the 
presented mechanism ensures frequent feedback, 
which describes the status of every station causing 
minimal overhead. Finally, the AP implements 
an efficient new station choice mechanism based 
on the gathered priority scores, as it is shown in 
Figure 4. 


The main concern of the station choice algo¬ 
rithm is to favor stations that carry high prior¬ 
ity traffic and have a large number of buffered 
packets, thus, the priority score is initially taken 
into account. The second factor affecting theAP’s 
decision is the time elapsed since the last poll of 
each station (r). Specifically, in order to provide 
fairness and avoid the total exclusion of stations 
that are inactive for quite long, the stations that 
have not been polled for a long time are favored 
to some degree. Moreover, the AP is assigned a 
higher probability of getting access, since it usual 
plays a central role in the network communica¬ 
tions. Lastly, a wireless station’s priority score is 
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halved, when no feedback is received after polling, 
assuming the existence of a bad li nk. 

( 10 ) 

where M is the number of stations considered 
by the algorithm. The time elapsed since its last 
polling is also normalized: 

W = T[y]/£";‘-r('l (ii) 

The non-normalized final probability of poll¬ 
ing station j is: 

Pp OLL U] = W PR x P p [j] + W T x P T [j] (12) 

where W T (default value 7) is the weight of the 
contribution of the P T factor. Obvious ly, the prior¬ 
ity score plays a significant role in choosing which 
station to poll, since our primary objective is to 
provide priority based QoS. Therefore, according 
to our analysis, when the value of the weight W T 
is six times lower than the value of W PR , then fair¬ 
ness is provided without degrading QoS. As far as 
fairness is concerned, a station that at some point 
carried low priority score should not be totally 
excluded. The proposed method gives this station 
the chance to be polled, as it might have generated 
new traffic since its last poll. Obviously, a station 
that has not been polled for a long time has a high 
P T value, so its polling probability increases. A 
high W T value would provide extended fairness 
among stations, however, this way traffic differ¬ 
entiation would fade. If the examined station j is 
the AP, then its non-normalized final probability of 
getting channel access is multiplied by the factor 
W AP (default value 10): 

KouOl = WJW n X P p [J] + w r x P T [J]) (13) 


This way, we do not allow the AP to dominate 
the channel whenever it needs to transmit, so that 
it does not monopolize it and QoS is provided to 
all stations. Nevertheless, because of the AP’s 
central role in the network, we give it the sig¬ 
nificant advantage of accessing the channel with 
ten times higher chances. Finally, the AP decides 
which station will be given access according to 
each one’s normalized polling probability, which 
is for station j equal to: 

p ,oll_m= < i4 > 

Priority Oriented Adaptive 
Control with QoS Guarantee 

The purpose of POAC-QG is to efficiently serve 
demanding real-time network applications provid¬ 
ing guaranteed QoS with efficient VBRtraffic sup¬ 
port, and traffic type distinction. The POAC-QG 
protocol operates during the RRA periods, which 
are contention free. It is not based on polling, 
but on a TDMA scheme. The basic concept is 
to assist station synchronization by dividing the 
RRA period into time slots, and keep the stations 
informed of the time interval, source and destina¬ 
tion of the coming transmissions. The AP uses the 
beacon signal to inform the stations of the assigned 
slots for real-time traffic transmi s sions and the 
SI duration for the current super-frame. In the 
beginning of every SI, except from the first one 
in the super-frame, the AP broadcasts a SIStart 
message which carries the same information with 
the initial beacon signal. If a station fails to receive 
the beacon signal, it defers, until it successfully 
receives a SI Start (or a new beacon). The sta¬ 
tions send their QoS requests for every TS during 
the PRA periods or the last RRA slots assigned 
to them (Figure 1). 

Different quality levels can be usually sup¬ 
ported by a multimedia network application 
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Figure 5. The operation cycle of POHA 



(depending on the codec, the audio-video quality 
etc). The admission control of POAC-QG negoti¬ 
ates instantly multiple quality levels that can be 
supported by the requesting TS. The objective is 
to serve the higher priority TSs with maximum 
quality level, however, the provided quality levels 
can be lowered in order to allocate slots for lower 
priority TSs, as well. Of course, we assume that 
the higher the quality level is, the higher are the 
resource requirements (bandwidth, delay). The 
main purpose of POAC-QG is to serve as many 
TSs as possible, favor the higher priority TSs, and 
provide the higher possible quality levels. A station 
that needs slot allocation for its TSs sends a QoS 
request which includes the traffic specifications 
of the different supported quality levels. 

While the TSs are in progress, they are able to 
request a different number of RRA slots, accord¬ 
ing to their current traffic rate and the total size of 
their buffered data. Thus, every QoS request can 
include traffic specifications for both running and 
new TSs. This way VBR traffic can be efficiently 
supported. The respective algorithm calculates 
first the minimum value of all the maximum inter¬ 


transmission intervals required by the running and 
the new TSs, and then chooses the highest submul¬ 
tiple value of the beacon interval duration as the 
selected SI, which is less than the minimum of all 
the maximum inter-transmission intervals. Next, 
the AP assigns slots to the running TSs based on 
their QoS requests. The TSs that are in progress 
are examined first in order to keep the quality of 
the existing communications steady. After all, a 
new requested voice call can wait for admission, 
but it is unacceptable for a running call to be sud¬ 
denly terminated or experience increased delays. 
The remaining resources are then assigned to the 
new TSs, using an admission control algorithm. 
The new SI duration is then calculated, based 
on the requests of the accepted TSs and the slots 
are finally assigned. The resource reservation 
procedure of POAC-QG can be detected as part 
of the POHA engine in Figure 5. 

According to the presented TS admission 
control, the new TSs that request bandwidth al¬ 
location are sorted according to their priorities 
(highestpriority first). The algorithm starts with the 
highest priority TS and checks if there is enough 


14 





Hybrid Approach to Integrated QoS Capable Protocols for Wireless LANs 


Figure 6. A quality levels negotiation example according to the POAC-QG traffic streams admission 
control 


Accepting New TS Method 
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available bandwidth to serve the specific TS with 
maximum (highest) quality level. Otherwise, 
the QoS requirements of the next lower quality 
level are checked. If neither the minimum (low¬ 
est) quality level can be supported, then the TS 
is rejected and the next priority TS is examined. 
When not enough bandwidth is left to serve a TS 
with minimum quality, then the quality levels of 
the previously examined higher priority TSs are 
lowered in order to save some bandwidth for the 
new TS. In that case, when the quality levels of the 
high priority TSs are lowered, then we also check 
if it becomes possible to increase the quality of the 
low priority TSs. This way, the best combination 
of supported quality levels is provided. In Figure 
6, an example of this procedure is presented. We 
assume two available Quality Levels (High QL, 
Low QL) and four new TSs with different priori¬ 
ties (Piority A is the highest, while PriorityD 
is the lowest). The first three TSs are considered 
examined. Let us assume that, so far, Priority A 
TS has been accepted with High QL, Priority B 
TS has been rejected, Priority C TS has been ac¬ 


cepted with Low QL, and Priority D TS is now 
examined for admission. Thus, we are looking for 
the best quality levels combination of these TSs, 
which can be served using the available bandwidth. 
There can be seven cases in our example. This 
method checks at each step if there is enough 
available bandwidth to serve the TSs providing 
the corresponding quality levels combination. If 
the available bandwidth is not enough, then we 
proceed to the next best combination (case). The 
last (and worst) possible case is the rejection of 
the examined TS (quality level: OUT). 

A dynamic traffic control mechanism is built 
in the POAC-QG protocol, which is able to adapt 
to the changing requirements of the running TSs, 
thus, it efficiently supports VBR real-time traffic. 
Before a station sends a QoS request, it calculates 
the current traffic rate of all the TSs that are in 
progress by counting the generated bits for a short 
time interval (default value is 2 sec). The size of 
the corresponding packet buffer is included in the 
request packet. The AP assigns slots to the run¬ 
ning TSs according to their latest QoS requests. 
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The remaining RRA slots are then assigned to the 
new TSs as it has already been discussed. The 
quality level of a TS cannot change while it is 
in progress, so that transmissions remain steady 
and reliable. 

This dynamic traffic control tries to adapt to 
the variable traffic rate without sudden altera¬ 
tions of the allocated bandwidth. If there are not 
enough available slots, the algorithm assigns a 
proportion of the requested bandwidth to each 
TS according to its priority. All the generated and 
buffered packets of a TS can be transmitted dur¬ 
ing a SI, if the allocated bandwidth corresponds 
to the theoretical traffic rate: 

TheoreticalTR = CurrentTR + BufferedBitsjSI 

(15) 


where CurrentTR is the currenttraffic rate included 
in the QoS request. Our effort to avert sudden and 
continuous alterations of the allocated bandwidth 
has led us to consider as the target a proportion of 
the requested bandwidth accession or reduction. 
Specifically, the considered target traffic rate is: 

TargetTR = PreviousTR + BW_DifPercent x (TheoreticalTR - PreviousTR) 

(16) 


where PreviousTR is the traffic rate corresponding 
to the last assigned bandwidth and B W DifPercent 
(default value is 0.8 ) is the percentage of the re¬ 
quested bandwidth accession or reduction which 
is considered to be the target. Furthermore, this 
algorithm employs a down limit for the target traf¬ 
fic rate related to the initial traffic rate requested, 
so that sudden increases of the generated packets 
after long idle intervals do not cause excessive 
packet drops. 

In case a TS requests to free some of its al¬ 
located resources because they are not necessary 


anymore, it is of course immediately allowed to 
do so. However, resource allocation is challeng¬ 
ing when there are not enough available slots to 
cover all the extra requests of the running TSs. In 
order to handle this situation, we have developed 
a method that distributes the available bandwidth 
taking into account the traffic priorities. This 
algorithm initially calculates the percentage of 
the available bandwidth that each requesting 
TS deserves (eligible bandwidth). The available 
bandwidth corresponds to the free slots of the 
maximum RRA period, after assigning to all the 
running TSs the previously occupied slots and 
freeing the returned slots. The eligible bandwidth 
percentage is calculated based on the traffic prior¬ 
ity and the amount of extra bandwidth requested 
by the TS. The weights rW PR (default value is 5) 
and rW BW (default value is 7) are introduced at this 
point in order to control the contribution of the 
traffic priority and the extra bandwidth requested, 
respectively, to the eligible extra bandwidth. 
Clearly, the traffic priority is considered the most 
significant factor. The non-normalized eligible 
bandwidth percentage for the TS k is given by 
the equation: 

Per[k] = rW pR x PerPR[k] + rW m x PerBW[k] 
(17) 


where PerPR is the normalized traffic priority: 

PprPRfkl = Priority Weight[k] 

Priority Weight[l] 

(18) 


and PerBW is the normalized extra bandwidth 
requested: 
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Table 3. An example of the POAC-QG dynamic resource reservation method, where extra requested 
bandwidth is assigned to three running TSs 


Step 

TS 

Priority 

Requested 

Bandwidth 

Available 

Bandwidth 

Eligible 

Bandwidth 

Assigned 

Bandwidth 

1 

A 

6 

5 Mbps 

10 Mbps 

5.6 Mbps 

5 Mbps 

B 

3 

3 Mbps 

2.9 Mbps 


C 

1 

4 Mbps 

1.5 Mbps 


2 

B 

3 

3 Mbps 

5 Mbps 

3.3 Mbps 

3 Mbps 

C 

1 

4 Mbps 

1.7 Mbps 


3 

C 

1 

4 Mbps 

2 Mbps 

2 Mbps 

2 Mbps 


PerBW[k] 


ExtraBW Requested[k] 

! f Reque stingTSs-l 

Y ExtraBW_Requested[l] 


(19) 

The term “priority weight” is used instead of 
“priority”, because the weight of a traffic priority 
might be considered different than its index. We 
assume that PriorityWeight=PriorityIndex+1. 
Because of the AP’s central role, which often in¬ 
terconnects the WLAN with the backbone wired 
network, any traffic coming from the AP should 
be served with definitely higher priority. The 
weight rW Ap (default value is 5) is introduced in 
order to favor the AP’s TSs. So, for every TS k 
transmitted by the AP it stands: 

Per[k] = rW Ap x (rW pR x PerPRfk] + rW BW x PerBW[k]) 

( 20 ) 

The normalized eligible bandwidth for TS k 
is finally equal to: 


nPer[k] = 


Per[k] 

NumberOJRequestingTSs -1 

£ Per H 


( 21 ) 


In case a TS requests for less bandwidth than its 
eligible bandwidth, then the former is immediately 
assigned to it. The TSs that cannot be provided 
with all the bandwidth they request, they get a 
part of it. Table 3 provides an example of the al¬ 
gorithm which calculates the extra bandwidth that 
would be assigned to every requesting TS. This 
mechanism completes the POAC-QG dynamic 
resource reservation. 


SIMULATION ANALYSIS 

It is better to clarify at this point that it is not 
feasible to model cha nn el access in POHAbased 
on the concept of the classical Bianchi two-state 
Markov chain (Bianchi, 2000). The POHA ac¬ 
cess scheme does not actually involve any idle 
time. However, we do use a three-state Markov 
process to simulate the link status between each 
pair of stations, as it is explained later. Generally, 
it is a common practice in the related literature to 
adopt a simulation approach, when the algorithmic 
complexity and the heuristic nature of the ac¬ 
cess control mechanism make further theoretical 
analysis impossible and actually unnecessary. 
Thus, no asymptotic analysis is performed to 
validate the behavior of the mechanism, instead, 
we implement a thorough and precise simulation 
comparison based on real traffic. 
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Simulation Characteristics 

POHA and HCF were compared by using a C++ 
simulator that was specially developed for this 
study. The physical layer protocol adopted for 
the simulated WLAN is the IEEE 802.1 lg (IEEE 
802. llg WG, 2003). In order to simulate realistic 
wireless links, we assumed that all stations use the 
ERP-OFDM (Extended Rate PHY - Orthogonal 
Frequency Division Multiplex) transmission 
mechanism at 36 Mbps based on the 16 QAM 
(Quadrate Amplitude Modulation) technique. 

The condition of any wireless link was mod¬ 
eled using a finite-state mac hi ne with three states 
(good, bad, and hidden) based on the work of 
Zorzi et al. (1995): 

• State G denotes that the wireless link is in a 
relatively “clean” condition and is charac¬ 
terized by a small BER, which is given by 
the parameter GBER. 

• State B denotes that the wireless link is in a 
condition characterized by increased BER, 
which is given by the parameter BBER. 

• State H denotes that the pair of commu¬ 
nication stations is out of range (hidden 
stations). 

The time spent by a link in states G, B and H is 
exponentially distributed, but with different aver¬ 
age values, given by the parameters TG, TB, TH, 
respectively. The status of a link probabilistically 
changes between the three states. When a link is in 
state G and its status is about to change, the li nk 
transits either to state H, with probability given 
by the parameter P h , or to state B, with transition 
probability P h . When a link is in state B and its 
status is about to change, the link transits either 
to state H, with probability given by the param¬ 
eter P h , or to state G, with transition probability 
1-P V Finally, when a link spent its time in state 
H, it transits either to state G or B, with the same 
probability (0.5). Apparently, when setting the 
parameter P h to zero, a fully connected network 


topology can be assumed, whereas for values of 
P h greater than zero, the effect of the well-known 
“hidden station” problem on protocol performance 
can be studied. 

For our simulation network, it stands for the 
inter-station links: TG=3 sec, TB=1 sec, TH=0.5 
sec, G_BER=0, B_BER=0.00001, P=0.05. For 
the AP-station links are characterized by the fol¬ 
lowing parameters: TG_AP=6 sec, TB_AP=0.5 
sec, TH_AP=0.25 sec, G_BER_AP=0, B BER 
AP=0.000001, P h _AP=0.01. We assume that the 
links among the AP and the stations are more 
reliable and “clear” than the inter-station links, 
because the range of the AP is usually greater than 
the stations’ range, its emitted signal is usually 
stronger, and its default position is the center of 
the cell. Moreover, the BERs are assumed to be 
resulted after the application of the standard’s pre¬ 
defined coding and error handling techniques. 

Regarding some other parameters of the simu¬ 
lation network, the signal propagation delay is 
0.0005 msec corresponding to distances among 
the stations oil50 m and the maximum duration 
of the RRAperiod is 30% of the super-frame. The 
considered control packet sizes agree with the 
802.1 le specifications. Furthermore, the simulator 
takes into account any of the PHY, MAC, RTP, 
UDP, IP, or SNAP headers that may be added to 
a data packet. 

As far as the simulation engine is concerned, 
the random number generator used by our simula¬ 
tor is a classic multiplicative congruential random 
number generator with period 2 32 . The simulation 
results presented in this section are produced by a 
statistical analysis based on the “sequential simu¬ 
lation” method (Pawlikowski et al., 2002). For 
this statistical analysis, we used 95% confidence 
intervals. The relative statistical error threshold 
varies depending on the meaning of the statistic 
and the magnitude of its value. However, this 
threshold was usually assumed lower than 2%> 
and never exceeded 5%. 
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Figure 7. Transmissions defined in the simulation scenario (FT: File Transfer, RDB: Remote DB) 



The Simulation Scenario 

The objective of the specific simulation scenario 
is to examine the network behavior when there 
is a combination of different priority traditional 
data flows and different priority multimedia 
flows. Specifically, the scenario involves one 
bidirectional file transfer transmission (two PRA 
flows) between any two adjacent wireless stations 
(that is station s-1 communicates with station s 
and station s+1 communicates with station s+2), 
one unidirectional remote database transmission 
(one PRA flow) from the AP to each wireless sta¬ 
tion, one bidirectional video communication (two 
RRA streams) between the AP and each wireless 
station, and one bidirectional voice communica¬ 
tion (two RRA streams) between the AP and each 
wireless station, as it is depicted in Figure 7. The 
traffic offered in the PRA and RRA periods has 
characteristics that are shown in Table 4 and Table 


5, respectively. It can be seen that RRA traffic 
supports two quality levels (QL: MIN, MAX). 
The traffic characteristics have derived from real 
network traffic properties. The simulation duration 
is 60 sec, every communication lasts for 30 sec, 
and a new set of flows is added every 1.5 sec. We 
simulated networks consisting of 2 to 22 wireless 
stations, creating eleven topologies. 

Simulation Evaluation of 
POHA Compared with HCF 

In this subsection, the simulation results are pre¬ 
sented. The simulation measurements that better 
reveal the general network behavior are the aver¬ 
age packet delay, the achieved throughput, and 
the packet loss rate. We assume that packet delay 
is the end-to-end delay. A packet is considered 
lost, when its lifetime expires or it ca nn ot enter 
the corresponding buffer due to overflow. Each 


Table 4. Characteristics of the PRA traffic 


Type 

Packet Data Size 
(bytes) 

Packet Interarrival Time 
(msec) 

Data Bit Rate 

Packet Delay Bound 
(msec) 

File Transfer 
(User Priority: 0) 

1500 

Mean: 12 

-1000 Kbps (VBR) 

60000 

Remote DB 

1500 

Expo. 

-240 Kbps 

1000 

(User Priority: 3) 

Mean: 50 

(VBR) 
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Table 5. Characteristics of the RRA traffic 


Type 

QL 

Codec 

Packet 

Data 

Size 

(bytes) 

Packet 

Inter¬ 

arrival 

Time 

(msec) 

On/Off 

Periods 

(sec) 

Data 

Bit 

Rate 

Packet 

Delay 

Bound 

(msec) 

(User Priority: 6) 

MAX 

G. 711 
(PCM) 

160 


(mean) 

On: 1.5 

Off: 1.8 

64 Kbps (CBR) 


MIN 

G.729A 

CS- 

ACELP 

20 

20 

8 Kbps (CBR) 

50 


MAX 

H.261 

[CIF] 

[40-2048] 

1320 

Mean: 13 

Always On 

-800 Kbps (VBR) 

100 

(User Priority: 5) 

MIN 

H.261 

[QCIF] 

[20-1024] 

660 

Expo. 
Mean: 26 

-200 Kbps (VBR) 


time we simulate a different topology where the 
number of stations increases, there is a propor¬ 
tional increase of the offered traffic flows and 
the network load. However, it should be noticed 
that the RRA streams, that request service from 
the POAC-QG or the HCCA protocol, although 
they are admeasured as offered flows, they do not 
increase load, until they are admitted and get the 
requested resources. 

Figure 8 presents the simulation results regard¬ 
ing file transfers. It is obvious that in this mixed 
traffic type environment, POHA manages to 
exhibit significantly low packet delays and high 
throughput (Figure 8a). Moreover, POAP, which 
serves file transfers, achieves almost null packet 
losses, whereas EDCA increasingly starts to lose 
packets for file transfer load higher than 7 Mbps, 
as shown in Figure 8b. The reason is that POHA 
utilizes the medium more efficiently, thus, its buf¬ 
fers start overflowing due to saturation later than 
HCF. The latter suffers from increased overhead, 
collisions, and waiting intervals, especially when 
more stations participate in the network, because 
of the adopted contention scheme. Notice that if 
the generated file transfer data bits are equal to 
g, the produced file transfer control bits are equal 


to c, and the total simulation time is s, then the 
considered file transfer load (in terms of rate) 
is equal to (g+c)/s. The same way, we calculate 
the file transfer throughput using the success¬ 
fully transmitted bits. Similar calculations are 
performed for the other types of traffic. 

The simulation results that concern remote da¬ 
tabase traffic are plotted in Figure 9. In Figure 9a, 
it can be seen that POHA ensures particularly low 
packet delays for this high priority non-multimedia 
traffic. On the other hand, HCF exhibits increas¬ 
ing packet delays as the throughput increases. 
Similarly to the file transfer traffic, POHA en¬ 
sures almost null remote database packet losses, 
whereas HCF suffers from increasing packet 
losses when load is over 1.25 Mbps (Figure 9b). 
These results reveal that POHA efficiently man¬ 
ages to differentiate traffic and improve cha nn el 
utilization, whereas HCF saturates at “lighter” 
load conditions ( -1.5% packet loss rate at ~1.5 
Mbps load). It is reminded that remote database 
traffic is handled by POAP and EDCA. 

Figure 10 presents the results regarding video 
traffic, which is handled by POAC-QG and HCCA. 
POHA ensures about 25% lower video packet 
delays than HCF, as it can be seen in Figure 10a. 
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Figure 8. File Transfer (FT): a) Average packet delay versus FT throughput and b) Packet loss rate 
versus FT load, in POHA (POAP) and HCF (EDCA) 
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Both access schemes manage to keep delay steady 
while throughput increases. Furthermore, Figure 
10b reveals that POHA manages to keep the video 
packet loss rate at low values while the load in¬ 
creases, whereas HCF exhibits about 5 times more 
packet losses than POHA at high video load (~5 
Mbps). According to these results, the dynamic 
resource reservation of POAC-QG successfully 
adapts to the demanding VBR video traffic. 


The voice traffic streams simulated in the 
examined network are also treated as REA traf¬ 
fic, so they are handled by the POAC-QG and 
HCCA protocols. As it is shown in Figure 11a, 
POHA keeps voice packet delays at steady low 
values (not higher than 24 msec), whereas HCF 
exhibits varying voice packet delays at the range 
of 30msec to 35 msec while it achieves about 25% 
lower maximum voice throughput than POHA. 
In Figure 1 lb, it can be seen that POHA exhibits 
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Figure 9. Remote DB (RDB): a) Average packet delay versus RDB throughput and b) Packet loss rate 
versus RDB load, in POHA (POAP) andHCF (EDCA) 


a) 


Remote DB 


g 

£ 

S' 


§ 


1 

2 


400 



0 500 1000 1500 2000 2500 300 


RDB Throughput (kbps) 


b) 


A POHA - -o- - HCF 


Remote DB 


0.12 
0.1 

£ 

& 0.06 

o 0.06 
3 

| 0.04 

0.02 
0 

0 500 1000 1500 2000 2500 3000 

RDB Load (kbps) 



—A— POHA - -O- - HCF 


a negligible packet loss rate despite of the load 
increase, whereas HCF suffers from increased 
voice packet losses (reaching 5.5%) caused by 
the high voice load. It should be noticed that the 
maximum voice load of POHA is higher than 
HCF, because more voice TSs were admitted by 
POAC-QG compared to HCCA. Another reason 
is the fact that POAC-QG was able to offer the 
MAX quality level to more TSs than HCCA. The 
MAX quality level voice TSs are characterized by 


8 times higher data bit rate than the MIN quality 
level voice TSs (Table 5). 

Figure 12 provides an indication of the way 
POHA and HCF assigned the two different quality 
levels to the TSs and served them. POHA directly 
negotiates the quality levels employing a new 
algorithm that was presented in the POAC-QG 
subsection. On the other hand, in HCF, we assume 
that a stream which is not assigned the required 
resources when requesting the MAX quality level, 
the next time tries again requesting to be served 
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Figure 10. Video: a) Average packet delay versus video throughput and b) Packet loss rate versus video 
load, inPOHA (POAC-QG) and HCF (HCCA) 
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with the MIN quality level. The curves present 
the aggregate time the TSs were served by the 
two protocols as a function of the number of the 
offered TSs. It is obvious that while the offered 
TSs increase, the number of the MIN quality 
level TSs increases and the number of the MAX 
quality level TSs decreases. This graph shows 
that POHA manages to provide the TSs with 
more service time, while it succeeds to devote 
more time to MAX quality level TSs than HCF. 
These results reveal that the POAC-QG protocol 


achieves an improved quality level combination 
for the admitted RRA streams. 


FUTURE RESEARCH DIRECTIONS 

The research area of resource allocation in wireless 
networks is definitely emerging and quite prom¬ 
ising. There are a lot of challenges related with 
this work and researchers all over the world try 
hard to come up with optimized decision making 
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Figure 11. Voice: a) Average packet delay versus voice throughput and b) Packet loss rate versus voice 
load, inPOHA (POAC-QG) and HCF (HCCA) 
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algorithms, in order to allow most efficient use 
of the wireless medium according to the modem 
users’ needs. 

Today, significant effort is devoted on develop¬ 
ing efficient resource allocation methods based 
on mathematical analysis. The HCF protocol 
parameters are thoroughly analyzed and are still 
tuned. This type of analysis could take place for 
the POHA scheme as well, in order to configure 
it optimally according to the network character¬ 
istics. Another feature which is expected to be 


necessary for the near future mobile networks 
is power saving. Hybrid medium access control 
protocols that provide QoS in wireless networks 
should also combine an efficient energy conser¬ 
vation mechanism to effectively support mobile 
devices. An additional important research direc¬ 
tion is towards nomadic networks. Providing Qo S 
in dynamic WLANs of no infrastructure is quite 
challenging, thus, it seems essential to develop 
specialized access schemes capable of serving 
this difficult cause. Moreover, we witness a mod- 
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Figure 12. The aggregate time the different quality level traffic streams were served versus the number 
of the offered traffic streams in POHA (POAC-QG) and HCF (HCCA) 



em trend towards wireless broadband networks. 
WiMAX (Worldwide Interoperability for Micro- 
wave Access) is a promising technology that could 
probably bridge the gap between wireless local 
area networks and mobile cell networks. IEEE 
is standardizing 802.16 for broadband wireless 
access and a lot of research needs to be carried 
out on its QoS provision capabilities, especially 
because no specific mechanism is defined by the 
standard. Lastly, hybrid medium access control 
solutions need not to be limited in the data link 
layer, since the objective of optimized QoS provi¬ 
sion concerns the whole network architecture. For 
this reason, researchers have lately started and are 
expected to continue to develop mechanisms that 
combine elements of different layers (physical - 
data link - network), in order to achieve better 
global results. 

CONCLUSION 

This chapter discussed the hybrid concept of 
providing QoS in wireless networks via medium 
access control by presenting the Priority Oriented 


Hybrid Access scheme. The motivation for the 
introduction of POHA was the necessity for a 
complete WLAN MAC protocol, which would be 
able to efficiently serve all types of traffic simul¬ 
taneously, differentiate them accordingly, improve 
cha nn el utilization, and provide the needed QoS 
by successfully adapting to the dynamic resource 
requirements. For these reasons, POHA imple¬ 
ments a hybrid access scheme via combining 
two modem medium access control protocols for 
WLANs: POAP and POAC-QG. The former per¬ 
forms polling-based random access and provides 
extensive QoS by employing packet priorities and 
adopting an efficient network feedback mecha¬ 
nism without the need for resource reservation, 
whereas the latter is a resource reservation access 
scheme that serves exclusively real-time traffic 
providing strict QoS by supporting direct quality 
levels negotiation for the traffic streams, adopt¬ 
ing traffic priorities, and dynamically allocating 
resources. The comparison of POHA with another 
well known hybrid protocol, the HCF access 
scheme of the IEEE 802. lie standard, has shown 
that in a mixed traffic-type network environment 
POHA performs clearly better, provides superior 
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QoS support, and generally gets saturated more 
difficultly. This type of hybrid approaches seem 
to be, in general, very promising solutions for the 
demanded modem wireless networks. 
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ABSTRACT 

Distributed Queueing Collision Avoidance (DQCA) is an efficient MAC protocol designed for infra¬ 
structure Wireless LANs. In this chapter, a thorough description of the protocol is given, along with a 
set ofprotocol rules and an example of its operation. In continuation, four algorithms are proposed that 
alter the FIFO scheduling order of DQCA in order to meet specific network requirements. The proposed 
schemes combine the efficiency of opportunistic scheduling with the QoS provisioning through service 
differentiation. The opportunistic policy encourages transmissions at higher rates when the channel 
condition is good and is implemented through a cross-layer dialogue between the PHY and the MAC 
layers. The key idea of service differentiation is to assign priorities to traffic flows with different require¬ 
ments in order to provide QoS guarantees. The throughput, delay andjitter performance of the proposed 
schemes have been evaluated through simulations for a scenario with heterogeneous traffic of voice, 
video, best-effort and background data traffic flows. 
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INTRODUCTION 

Wireless LocalAreaNetwork (WLAN) technology 
has become a very appealing solution to network 
connectivity, providing user mobility, flexibility 
and easy deployment at a relatively low cost. As 
the popularity of WLANs grows, the need for 
higher trans mi ssion rates and Quality of Service 
(QoS) guarantees becomes imperative, especially 
for real-time multimedia applications. 

Considerable amount of research has been 
directed towards the improvement of the Physi¬ 
cal layer (PHY), resulting in more sophisticated 
transmission techniques and advanced modulation 
and coding schemes. However, even though the 
increase in the available trans mi ssion rates and 
the robustness against channel errors is signifi¬ 
cant, the network capacity is greatly dependent 
on the Medium Access Control (MAC) protocol 
employed at the Data Link Control layer. Espe¬ 
cially in wireless communication systems where 
the medium is unpredictable, the need for an ef¬ 
ficient MAC protocol to handle channel access 
and scheduling issues is imperative. 

The most prevailing MAC protocol specifica¬ 
tion for WLANs is the IEEE 802.11 standard and 
its amendments (IEEE Std. 802.11, 2007) which 
are based on a Carrier Sensing Multiple Access 
protocol with Collision Avoidance (CSMA/CA) 
and employ an exponential backoff mechanism to 
resolve collisions. The standard, although widely 
deployed, suffers from inefficiency induced by the 
long idle periods due to the backoff mechanism 
and the high presence of collisions as the offered 
traffic load grows (Bianchi, 2000). Therefore, there 
is a need to develop novel MAC schemes that can 
offer high performance in terms of throughput, 
delay and jitter and which can also adapt dynami¬ 
cally to changing conditions, such as the traffic 
load or the number of users. 

In this context, an innovative and efficient 
scheme for WLAN systems, called Distributed 
Queueing with Collision Avoidance Protocol 


(DQCA) is presented (Alonso-Zarate, Verikou- 
kis, Kartsakli, Cateura, & Alonso, 2008). DQCA 
behaves as a random access mechanism under 
low traffic conditions, thus reducing transmission 
delays, and switches smoothly and automatically 
to a reservation scheme when traffic load grows. 
Collisions are handled by a blocked-access split¬ 
ting algorithm that works in parallel with the data 
transmission process. DQCAis a fair protocol that 
yields a performance that approaches the theoreti¬ 
cal system capacity. In addition, it is a flexible 
scheme that can be easily adapted to include more 
advanced scheduling algorithms. 

The objective of this chapter is twofold. First, 
the DQCA protocol will be described in detail, 
along with an explicit set of rules and an opera¬ 
tion example. In the second place, a number of 
scheduling algorithms that enhance the perfor¬ 
mance of DQCA under heterogeneous traffic will 
be presented. These algorithms combine the ef¬ 
ficiency of opportunistic scheduling with the QoS 
provisioning through service differentiation. The 
opportunistic policy encourages transmissions at 
higher rates when the cha nn el condition is good 
and is implemented through a cross-layer dialogue 
between the PHY and the MAC layers. The key 
idea of service differentiation is to assign priori¬ 
ties to traffic flows with different requirements 
in order to provide QoS guarantees. 

The remainder of this chapter is organized in 
seven sections. In the background section a litera¬ 
ture review on cross- layer design and scheduling 
is provided. The two subsequent sections are 
dedicated to the description of DQCA and four 
cross-layer scheduling algorithms respectively, 
along with implementation details and operation 
examples. In continuation, the proposed schemes 
are evaluated and compared through simula¬ 
tions for a specific scenario that includes mixed 
real and non-real time applications. The chapter 
proceeds by indicating possible future research 
directions and is completed with some conclud¬ 
ing remarks. 
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BACKGROUND 

Advances in the physical layer have led to a sig¬ 
nificant capacity increase in WLANs. The widely 
deployed IEEE 802.11 g standard (IEEE Std. 
802.1 lg, 2003), for example, defines a set of eight 
rates ranging from 6 to 54 Mbps and the emerging 
IEEE 802.1 In standard promises rates beyond 
100Mbps (IEEE Std 802.1 In, 2008). Lower rates 
are more robust to cha nn el noise whereas higher 
ones require larger signal-to-noise ratio (SNR) 
values over the wireless link. 

The process of selecting the optimal transmis¬ 
sion rate depending on the cha nn el condition is 
known as link adaptation and is usually performed 
at the MAC layer. Several link adaptation al¬ 
gorithms have been proposed for 802.11-based 
WLANs. One approach is based on modifying 
the Request-to-Send (RTS) - Clear-to-Send (CTS) 
handshake (Holland, Vaidya, & Bahl, 2001). The 
signal strength of a received RTS is used to es¬ 
timate the cha nn el condition and select the most 
appropriate rate, which is returned to the transmit¬ 
ter via the CTS packet. In another case the link 
estimation is performed at the transmitter, based 
on the history of SNR measurements ofpreviously 
received frames (Pavon & Choi, 2003). 

The time-varying nature of the wireless 
channel and the multirate PHY capability can be 
further exploited by the MAC layer to achieve 
more efficient scheduling. The key idea is to 
encourage communication between nodes with 
high link quality, as reflected by the perceived 
SNR at the receiver. High SNR values mean that 
a higher transmission rate can be supported while 
maintaining the error probability at an acceptable 
level. Although the consideration of a PHY layer 
metric, such as the SNR, in MAC layer scheduling 
decisions is a violation of the OSI architecture, 
it can be exploited to optimize the performance 
of the system. 

The exchange ofinformationbetweendifferent 
OSI layers is known as cross-layer design and is 
a very promising field of investigation (Shakkot- 


tai, Rappaport, & Karlsson, 2003). Many related 
schemes can be found in the literature, especially 
regarding opportunistic algorithms based on a 
PHY/MAC layer dialogue. In one case, nodes 
with a good link are permitted to transmit multiple 
packets back-to-back, resulting to more high-rate 
transmissions (Sadeghi, Kanodia, Sabharwal, & 
Knightly, 2002). A contrary approach is to dis¬ 
courage nodes from transmitting if their available 
rate fails to satisfy their QoS demands (Bouam 
& Othman, 2004). 

There are many other paradigms of cross-layer 
design that do not focus only on opportunistic 
scheduling. An example of a more complex 
scheme that exploits multiuser diversity is the Op¬ 
portunistic packet Scheduling and Media Access 
control (OSMA) (Wang, Zhai, & Fang, 2004). A 
multicast RTS is transmitted to a group of nodes 
who evaluate their link quality and reply with a 
CTS if their cha nn el is better than a certain level. 
The transmitter then establishes communication 
with the node with the best channel and conse¬ 
quently the highest available rate. Another scheme 
employs the air-time usage as a metric of the chan¬ 
nel condition and distributes resources in order 
to accomplish a proportional fairness objective, 
through a token-based scheduling policy (Gar- 
roppo, Giordano, Lucetti, & Tavanti, 2007). 

Although opportunistic scheduling can in¬ 
crease the system capacity, it ca nn ot provide the 
QoS guarantees required by real-time multimedia 
traffic. One way to alleviate this problem is to 
incorporate QoS demands into the MAC layer 
scheduling decisions. This approach has been ad¬ 
opted in the relatively new IEEE 802.11 e standard 
through service differentiation (IEEE Std. 802. lie, 
2005). Traffic flows are mapped to four Access 
Categories (AC), with each category assigned a 
different level of priority; MAC layer parameters 
are set accordingly so that higher priority ACs 
have smaller medium access delays and may hold 
the cha nn el for a longer time. 

All these concepts of link-adaptation, oppor¬ 
tunistic scheduling and service differentiation are 
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considered in the design of the DQCA protocol 
and the incorporated cross-layer scheduling al¬ 
gorithms. DQCA is part of an extended protocol 
family that originates from the Distributed Queue¬ 
ing Random Access Protocol (DQRAP) (Xu & 
Campbell, 1992). DQRAP was initially designed 
for the distribution of cable TV but since then the 
distributed queue concept has been successfully 
adapted to diverse scenarios, including ad hoc 
cluster (Alonso-Zarate, Kartsakli, Skianis, Verik- 
oukis, &Alonso, 2008)andbody sensor networks 
(Otal, Alonso, & Verikoukis, 2009). Currently, an 
Ethernet-based distributed protocol and a DQCA- 
based wireless air-interface for WLANs are being 
implemented by Ether2 for commercial release 
(Ether2, 2005). 

Avery good reference on the distributed queue 
protocol design is given by Alonso, Agusti and 
Salient (2000) and a description of DQCA can 
be also found in the literature (Alonso-Zarate, 
Verikoukis, Kartsakli, Cateura, & Alonso, 2008). 
Some preliminary work on cross-layer scheduling 
on DQCA has been focused on a heterogeneous 
voice and data traffic scenario (Kartsakli, Cateura, 
Alonso-Zarate, Verikoukis, & Alonso, 2007a). 
A more complete study on QoS-aware schedul¬ 
ing with extensive simulations emphasizes the 
flexibility of the DQCA protocol which, through 
cross-layer optimization, can adapt to different 
networkrequirements, entailing a tradeoffbetween 
efficiency in li nk utilization and fairness among 
data flows (Kartsakli, Alonso-Zarate, Verikoukis, 
& Alonso, 2009). 

THE DQCA PROTOCOL 
Protocol Overview 

DQCA is a distributed high-performance medium 
access protocol that behaves as a random access 
mechanism under low traffic and switches smooth¬ 
ly and automatically to a reservation scheme when 
traffic load grows. DQCA eliminates back-off 


periods and minimizes data packet collisions. 
In addition, unlike slotted Aloha, the maximum 
achieved throughput is maintained even when the 
traffic load exceeds the cha nn el capacity. 

The main idea of DQCA is that the nodes may 
ask for channel access in a reserved time interval, 
thus confining collisions almost exclusively to a 
part of the frame. Any collisions are resolved by 
a blocked access m-ary splitting tree collision 
resolution algorihtm in a FIFO order, managed 
by a distributed queue. Once having successfully 
sent an access request, a node enters in another 
distributed queue (devoted to the scheduling of 
collision-free data transmission) and waits for 
its turn to transmit. The next section contains a 
thorough description of the DQCA. 

Protocol Description 

Consider an infrastructure wireless network with V 
nodes communicating with an Access Point (AP) 
through a shared wireless cha nn el. The time axis 
is divided into continuous DQCA frames which 
consist of three parts of different duration. 

The first part, also referred to as Contention 
Window (CW), is divided into m control mi ni s lots. 
Provided that there are no pending collisions for 
resolution, nodes that want to gain access to the 
channel randomly select one minislot and transmit 
an Access-Request Sequence (ARS). ft has been 
demonstrated that with three or more minislots 
the collision resolution works faster than the data 
transmission process and therefore three minis¬ 
lots (m= 3) are sufficient to ensure near-optimum 
performance for any traffic load (Xu & Campbell, 
1992). Higher values of m attain slightly lower 
delay at the cost of increased overhead. 

The operation of DQCA is based on the m- 
temary feedback information on the state of each 
ofthe minislots. TheAPmustbe able to distinguish 
between idle, success and collision state for each 
minislot, since this information is crucial for the 
application of the protocol rules at the end of each 
frame. Adopting apattentedtechnology (Campbell 
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& Xu, 2001) each node is assigned a unique bit 
pattern that has the property that when two or 
more ARS collide, the pattern of the overlapping 
signal is distinguishable from the original pattern 
of any single ARS; hence, the AP can detect the 
collision. It should be noted that the ARS does not 
need to contain any additional information, such 
as the transmitter address, thanks to the distributed 
execution of DQCA. 

The second part of the frame is reserved for 
the almost collision-free transmission of a data 
packet by a single user. Without losing general¬ 
ity, the length of the packets is fixed and their 
trans mi ssion time is determined by the transmis¬ 
sion rate. Large messages are fragmented into 
packets and are transmitted within consecutive 
DQCA frames. 

In the third part of the DQCA frame, the AP 
broadcasts a Feedback Packet (FBP) that contains 
ternary feedback information on the state of all 
access minislots; an acknowledgement (ACK) to 
verily the correct reception of data packets; and 
a final-message bit which is set to 1 when the 
last packet of a message has been received and 
to 0 when more packets of the same message are 
expected to follow. In certain configurations, the 
FBP may contain additional information, as it 
will be explained later. Before and after the FBP 
a Short InterFrame Space (SIFS) is introduced 
in order to compensate for propagation delays, 
turn around times (i.e., time required for a node 
to switch from receive to transmit mode) and for 
processing purposes. 

The protocol is based on two concatenated 
distributed queues, the Collision Resolution 
Queue (CRQ) and the Data Transmission Queue 
(DTQ). The CRQ is responsible for the resolu¬ 
tion of collisions among ARS whereas the DTQ 
handles the data transmission. The number of 
occupied positions in each queue is indicated 
by an integer counter (RQ and TQ for the CRQ 
and the DTQ, respectively). Since these counters 
represent the state of the distributed queues at 
any time instance, they hold the same value for 


all the nodes in the system. Each node must also 
maintain and update another set of counters that 
reveal its position in the queue (pRQ and pTQ for 
the CRQ and the DTQ, respectively). By the term 
position, it is meant the relative order of arrival 
(or age) of the node in the respective queue. In 
particular, these values are set to zero if a node 
does not belong to any queue; otherwise, their 
values range from 1 to TQ or RQ, respectively, 
with the value 1 indicating the head of the queues. 
In the CRQ, each position (or element) is occupied 
by a set of nodes that suffered an ARS collision 
(i.e., attempted an ARS transmission in the same 
control slot of the same CW). The DTQ contains 
the nodes that successfully reserved the cha nn el 
through anARS and therefore each queue element 
corresponds to exactly one node. 

In principle, every node, including those that 
do not have a message to transmit, must update 
these counters upon the reception of the FBP at 
the end of each frame by executing the set of rules 
described below. However, it is also convenient to 
periodically send the TQ and/? (lvalues within the 
FBP to allow inactive nodes to leave or reenter the 
system, thus increasing robustness againstpossible 
miscalculation of the counters by the nodes. 

Three sets of rules are defined and executed 
by each node upon decoding of the FBP. They 
are, in order of execution, the data transmission 
rules (DTR), that indicate who can transmit data 
in the following frame, the request transmission 
rules (RTR), that manage the collision resolution 
process and the queueing discipline rules (QDR), 
that handle the state update of the queues. The 
prococol rules are described in detail next and 
can be better understood with the help of the flow 
chart depicted in Figure 1. 

DTR (Data Transmission Rules) 

1. If the DTQ is empty (TQ=0), meaning that 
there are no nodes waiting to transmit and 
there are no pending collisions to be resolved 
(RQ= 0), any node that wants to gain channel 


34 



Cross-Layer Scheduling with QoS Support over a Near-Optimum Distributed Queueing Protocol 


Figure 1. DQCA operation flow chart 



access transmits an ARS in a randomly 
selected minislot. The node is also enabled 
to transmit a data packet in the data part of 
the same frame, so that an empty data slot 
is avoided. This rule is referred to as the im¬ 
mediate access rule. When applied, DQCA 
behaves as a random access protocol and it 
is the only occasion in which a data colli¬ 
sion may occur. In practice, the rule is only 
executed under light traffic (reflected by the 
empty state of the both queues), when the 
probability of having a collision is low. 


sion queue (pTQ= 1), itis enabled to transmit 
a packet in the following frame. The final- 
message-bit in the MAC header of the packet 


must be set to 1, if this packet is the last of 
a message, otherwise is set to 0. 

RTR (Request Transmission Rules) 

1. If there are no pending collisions (RQ= 0) and 

there are tran smi ssions scheduled (TQ>0), 
any node that is in neither queue (pTQ=0 
and pRQ= 0) and wants to gain channel ac¬ 
cess randomly selects one of the m control 
minislots and transmits an ARS in the next 
frame. 

If a node is at the head of the CRQ (pRQ= 1), 
it transmits an ARS in a randomly selected 
control minislot in an attempt to resolve the 
collision in the following frame. 


2. If a node is at the head of the data transmis- 2. 
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QDR (Queueing Discipline Rules) 

1. Each node increases the value of TQ by 
one unit for each control m in islot with a 
successful state (indicating that a new node 
has entered the DTQ). 

2. The value of TQ is reduced by one unit if a 
data packet has been successfully transmitted 
and the final-message-bit was set to 1, since 
the transmitting node will leave the queue. 

3. If there are collisions pending to be resolved 
(RQ> 0) the value of RQ is reduced by one 
unit, since those nodes at the head of CRQ 
will attempt to resolve their collision within 
the following frame. 

4. The value of RQ is incremented by one unit 
for each control minislot where an ARS col¬ 
lision occurred. 


The protocol operates in a distributed manner, in 
the sense that each node executes the above rules 
to update the queue counters individually, with the 
use of the information in the FBR The protocol 
operation can be better understood with the help 
of the example that follows. 

Example of the DQCA Operation 

An example of the DQCA operation for two 
consecutive frames and three control minislots is 
shown in Figure 2. Nodes are denoted by ni and 
their respective pointervalues by pTQi andpRQi. 
It is assumed that in the exactly previous frame 
(i.e., the (k-l)th) the CRQ is empty (RQ=0), the 
DTQ contains two nodes (nl, n2, with TQ=2), 
and nl has transmitted a packet (pTQl=l). Three 
new messages have also arrived at nodes n3, n4 
and n5 and these nodes will contend for cha nn el 
access in the next frame. Indeed, in the contention 
window of the kth frame, n 4 randomly selects the 
first control minislot and n 3 and n 5 the third one 
and transmit an ARS. In the data part of the same 


frame, n I continues and completes its message 
transmission (the end of message is signaled in the 
MAC header of the data packet). The AP detects 
the state of all the control minislots (Success - 
Idle - Collision respectively) and incorporates this 
information into the FBP. It also acknowledges 
the correct reception of the data packet and sets 
the final-message-bit to 1, indicating the exit of 
n ! from the DTQ. The successful state of the first 
control mi ni s lot causes all nodes to increase TQ by 
one unit while the collision of the third minislot 
leads to an increase of RQ (RQ=\). TQ is then 
reduced by one for the successful data transmis¬ 
sion. The nodes set their pTQ and pRQ values 
appropriately, with n entering the DTQ in the 
second position (pTQ=2) and n } and n , entering 
the CRQ (pRQ=pRQ= 1). 

In the CW ofthe second (i.e the (k+1 Jth) frame, 
the two nodes in the head of the CRQ send an 
ARS to a randomly selected control minislot in 
an attempt to resolve their previous collision. In 
the meantime, who is now at the head of DTQ, 
transmits the first packet ofits message (withmore 
to follow). The FBP indicates that the ARS and the 
data transmission have been successful and that 
the final-message-bit is 0. All nodes decrease RQ 
by one unit, since one collision has been resolved, 
and increase TQ by 2 (TQ= 4, RQ= 0) for the two 
successful ARS. The nodes n 3 and n 5 enter the 
DTQ by the order in which the ARS had been sent 
within the CW (first n and then n3). This process 
will continue for the next frames. 


CROSS-LAYER SCHEDULING 
ALGORITHMS 

In DQCA, the data trans mi ssions take place in 
a FIFO (First-In First-Out) order, thus ensur¬ 
ing fairness among nodes. In this section, four 
cross-layer algorithms thatmodify the scheduling 
discipline of the DTQ in order to increase the 
system efficiency are presented. The main idea is 
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Figure 2. Frame structure and operation example 



on one hand to exploit the multirate capability of 
the PHY layer by opportunistically transmitting 
when higher rates are available and on the other 
hand to meet QoS requirements through service 
differentiation. 

To implement the proposed algorithms some 
minor modifications need to be made to the DQCA 
protocol. First, a link adaptation mechanism must 
be incorporated to adapt the transmission rate to 
the channel condition. Hence, the APmeasures the 
SNR of the link whenever an ARS is successfully 
received and selects the maximum rate that can 
be supported for upcoming data transmissions 
from the respective node. This rate is included in 
the FBP so that the node can appropriately adjust 
its modulation and coding scheme at the time 


of data transmission. Obviously, when the li nk 
condition is good (i.e., the measured SNR level 
is sufficiently high), a modulation and coding set 
of higher order can be employed to yield higher 
transmission rates. 

In the context of this chapter, an indoor quasi¬ 
static channel has been assumed so that the channel 
state remains unchanged from the moment of the 
SNR measurement until the data transmission. A 
link adaptation scheme with a periodic update 
mechanism, suitable for rapid-changing channels, 
has been proposed and evaluated by the authors 
but is beyond the scope of this work (Kartsakli, 
Cateura, Alonso-Zarate, Verikoukis, & Alonso, 
2007b). 
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Another issue is that in order to perform 
QoS oriented scheduling, service differentiation 
capabilities should be introduced to the DQCA 
protocol. To this end, all traffic flows are classi¬ 
fied into P service classes (P> 1), with class P 
having the most demanding requirements, usually 
translated to most stringent delay constraints. It 
has been assumed that it is possible to form P 
distinguishable types of ARS, one for each service 
class. Each node that wants to access the cha nn el 
must transmit an ARS of the appropriate format, 
so as to make the service class of its traffic load 
known to the other nodes of the network, includ¬ 
ing the AR 

Cross-Layer Opportunistic 
Scheduling Algorithm (CL-algorithm) 

The first scheme, named CL-algorithm, imple¬ 
ments an opportunistic policy that prioritizes the 
node with the best cha nn el quality, irrespectively 
of its service class. Since transmissions generally 
take place at a higher rate, the overall throughput 
of the system is increased. 

The CL-algorithm is implemented in a distrib¬ 
uted ma nn er. The AP keeps a table with the avail¬ 
able rates of all the nodes waiting to transmit in 
the DTQ. These rates have been acquired through 
link estimation for every received ARS. The entries 
of this table are fed back to the nodes in the form 
of a vector that is included in the PBP. This vec¬ 
tor has a specific structure; it contains the rates 
of all the nodes in the DTQ placed by ascending 
order of their respective pTQ values. Note that 
the pTQs coincide with the order of arrival of the 
nodes in the DTQ (which is also an indication of 
their waiting time in the queue). Upon reception 
of the LPB, the nodes sort the vector entries from 
higher to lower rate and the node with the highest 
rate gains chnnel access. If more than one node 
has the same rate, the one with the smallest pTQ 
value has priority. 


Strict Service Priority Scheduling 
Algorithm (SP-algorithm) 

The second scheme, called SP-algorithm, imple¬ 
ments a strict service priority policy. In particular, 
the nodes of the highest-priority service class ( P) 
are always scheduled to transmit first. As a result, 
delay-sensitive applications are more likely to 
meet their QoS demands. 

This scheme could be better understood by 
visualizing P transmission queues, one for each 
service class, instead of a single DTQ, as was the 
case in DQCA. Hence, P counters are defined, 
denoted by TQ. (0 <i<P), to keep the number of the 
nodes waiting in each queue. A node can belong 
to only one queue at a time and its position in that 
queue is expressed, as before, by the pTQ value. 
Within each queue the scheduling is LILO, whereas 
among queues there is a strict priority discipline. 
Consequently, a node that belongs to the zth queue 
can transmit only if all the queues with a higher 
priority are empty (i.e., TQ =.. =TQ = 0) and if 
ithasthe smallestpEg value (i.e. ,pTQ=\) among 
the other nodes of the same queue. Note that the 
position of a node can be completely described 
by the pair (i, pTQ ), where i denotes the service 
class and consequently the queue in which the 
node belongs. 

It is also worth noting that there is no need 
for additional overhead in order to implement 
this algorithm. The only difference with respect 
to DQCA is the need to transmit distinguishable 
types of ARS to reveal the service class of each 
message. This is essential, since at the end of the 
frame when the protocol rules are executed, the 
nodes must know the service class of any suc¬ 
cessful ARS in order to update the corresponding 
TQ counter. 
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Cross-Layer with Strict 
Service Priority Scheduling 
Algorithm (CLSP-algorithm) 

The CLSP-algorithm is a combination of the two 
previously described schemes. It implements a 
strict priority scheme among service classes and 
an opportunistic scheduling among the nodes of 
the same service class. For the implementation of 
this algorithm, a rate vector must be transmitted, 
as in the case of the CL-algorithm. In this case, 
however, the vector entries are sorted by order of 
the service class and the position of the nodes in 
each service class queue. 

Virtual Priority Function Scheduling 
Algorithm (VPF-algorithm) 

The fourth technique defines a virtual priority 
function (VPF) that determines the transmission 
order of the nodes waiting in the DTQ and has 
the general form 

VPF =f (PHYparameters, MAC parameters, 
service class) (1) 


VPF = a 


SC_ 

P 



( 2 ) 


where a is a tunable weighting factor (0<a<l), P 
is the total number of service classes and SC is an 
integer within [ 1, P] that represents the respective 
service class (with P being the highest priority 
class). The available rate of a node is denoted 
by R and R is the maximum rate defined at 
the rate set. Finally, as mentioned before, pTQ 
represents the position of the node in the queue 
and is an integer within [1 ,TQ\, where TQ is the 
total number of nodes in the queue. 

Note that the VPF has two parts. The first part 
depends solely on the service class of the node. 
The second part is proportional to the (normal¬ 
ized) transmission rate divided by the pTQ value, 
meaning that preference is given to nodes that have 
higher rates and smaller/) TQs (i.e., longer waiting 
time in the queue). By tuning the parameter a, the 
system behavior can vary from a strict service 
priority scheme (for a=l) to an opportunistic 
scheme (for a= 0). The overhead required for the 
implementation of this scheme is the same as in 
the case of the CL-algorithm. 


The VPF is known to all nodes and the AP is 
responsible for providing the required feedback so 
that at the end of each frame every node is capable 
of calculating the VPF values of all the nodes in 
the DTQ, including its own. The node with the 
highest VPF value is then enabled to transmit. If 
more than one node has the same VPF value, then 
priority is given to the one with the longest waiting 
time in the DTQ (i.e., smallest pTQ value). Note 
that in this scheme, the data trans mi ssion system 
consists of a single DTQ. 

The VPF can be selected in various ways 
according to the available parameters and the 
scheduling objective, which is usually a trade-off 
between throughput maxi miz ation and fairness. 
To evaluate the VPF-algorithm, the following 
definition has been chosen: 


Example of the Cross-Layer 
Scheduling Operation 

An example that stresses the difference between 
DQCA and the four cross-layer algorithms is 
depicted in Figure 3. In the example, six nodes 
(n l - n 6 ) are waiting in the DTQ and a rate set of 
R={ 6 , 9, 12,18, 24, 36,48, 54}Mbps, as defined 
in IEEE 802. llg, is considered. There are four 
service classes, denoted by SC, with SC=4 having 
the higher priority. The available rate of each node 
and its pTQ value, as calculated by the DQCA 
rules, have been also marked on the figure. 

In DQCA, the nodes transmit by order of 
their pTQ, regardless of the available rate or the 
service class. When the CL-algorithm is executed, 
the nodes that have higher rates are scheduled to 
transmit first. Since there are two nodes that have 
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Figure 3. Operation example of the cross-layer scheduling algorithm 


pTQ = 6 pTQ = 5 pTQ = 4 pTQ = 3 pTQ = 2 pTQ = 


|| n Klin n 
|l 54Mbps |l 36Mbps1 | T 



pTQ= 1 pTQ = 2 pTQ=5 pTQ = 6 pTQ = 3 

^CH|n.LSC_2_|| | 



VPF values for a = 0.5 


the same maximum rate of 54 Mbps, the one with 
the smaller pTQ (pTQ= 2) is given priority. 

According to the SP-algorithm the nodes 
trans mi t by priority order that corresponds to 
their service class, whereas among the nodes of 
the same class, a FIFO order is maintained. In 
the example, there are two nodes (n 3 and n 6 ) that 
belong to the highest priority service class (SC=4) 
and they transmit by order of their pTQ (i.e., first 
n } and then n 6 ). 

In the CLSP-algorithm, the service class again 
determines the transmission order of the nodes, 
with the difference that among the nodes of the 
same class opportunistic scheduling is employed. 
Consequently, the first node to transmit is n 6 
since it is the node with the highest transmission 
rate among the nodes that belong to the highest 
priority class. 

Finally, in the VPF-algorithm the transmis¬ 
sion order is determined by the VPF value. In 
the example parameter a is set to 0.5. It can be 
observed that nodes with priority service classes 


and higher rates tend to transmit first. However, 
the scheme also displays some amount of fair¬ 
ness. For example n j gets to transmit before n 4 
because it has a longer waiting time in the queue 
(i.e., pTQ=\), even though its service class and 
rate are lower. 


CASE STUDY AND 
PERFORMANCE EVALUATION 

The proposed algorithms have been evaluated 
through simulations performed by a C++ link- 
layer simulation tool. The basic features of the 
simulated scenario and a detailed performace 
evaluation are given in this section. 

Channel Model 

Without losing generality, the IEEE 802. llg 
specification(IEEE Std. 802.llg, 2003) has been 
selected as the underlying PHY layer for the 
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simulations, although any other multi-rate PHY 
could also have been considered. The nodes can 
trans mi t data at a set of eight basic rates R={ 6, 9, 
12, 18, 24, 36, 48, 54} Mbps, depending on their 
channel condition. 

The wireless channel has been modeled as a 
eight-state discrete Markov chain similartothe one 
described in (Konrad, Zhao, Joseph, & Ludwig, 
2001), where each state represents one of the eight 
available rates. The idea is based on the fact that 
although wireless channels are characterized by 
fast-fading, some correlation exists between the 
current transmission state and the immediately 
previous one. The Markov chain is represented 
by a transition matrix T which expresses the 
probability for each node to select a certain rate 
every time the coherence time has elapsed. Each 
scenario environment (basically defined by a 
radio channel model and a mobility model for 
the transmitting nodes) will have its own matrix 
values, therefore any matrix can be used in the 
study. For evaluation purposes, and without losing 
generality, the following matrix T has been used 
in the simulated scenario: 

_ future state _ 

6 9 12 18 24 

0.4 0.5 0.1 0 0 

0.1 0.4 0.5 0 0 

0 0.1 0.4 0.4 0.1 

0 0 0.1 0.4 0.4 

T = 

0 0 0 0.1 0.5 

0 0 0 0 0.3 

0 0 0 0 0.1 

0 0 0 0 0 

( 3 ) 

The above channel model corresponds to an 
average transmission rate of approximately 35 
Mbps. The coherence time of the cha nn el is sup¬ 
posed to be long enough to ensure that the cha nn el 
state remains unchanged from the moment of the 
SNRmeasurement until the data transmission. This 
is a realistic assumption for indoor quasi-static 


WLAN situations. In the evaluated scenarios a 
coherence time of 150 ms has been considered. 
It has also been assumed that, regardless of the 
channel conditions, the appropriate rate selection 
guarantees that no errors are introduced during 
transmissions. 

Traffic Models 

Three types of data sources have been used in the 
study case and will be described next. 

Data Traffic Sources 

The data traffic sources have a Poisson distrib¬ 
uted generation process with arrival rate X. The 
size of the generated messages is exponentially 
distributed with a mean value equal to 10 L, with 
L set to 1000 bytes. This results to an offered load 
of C=A,-(10-L)-8-10 -6 Mbps. Since data messages 
are relatively large, their tran smi ssion takes place 
in consecutive DQCA frames with L being the 
maximum number of bytes transmitted per each 
frame. 

Voice Traffic Sources 

The voice traffic sources are based on the Brady’s 
ON-OFF model (Brady, 1969). The time spent at 
the ON and OFF state is exponentially distributed 
with mean values of 1 s and 1.35 s respectively. 
While at the ON state, packets of 160 bytes are 
generated every 20 ms resulting to a constant bit 
rate (CBR) of 64 kbps and a mean offered load 
of 27.23 kbps, as defined in the G.711 voice co¬ 
dec (ITU-T Recommendation G.711,1998). The 
packets generated within a single ON interval 
will be referred to as a voice burst. Since voice 
packets are relatively small, voice nodes transmit 
all the buffered packets of the same burst in a 
single DQCA frame. 


36 48 54 

0 0 0 | <5 j 

0 0 0 9 

0 0 0 \ 12 \ 

0.1 0 0 18 1 current 

0.4 0 0 \ 24 [ state 

0.5 0.2 0 j(S 

0.2 0.5 0.2 48\ 

0.1 0.4 0.5 54\ 
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Video Traffic Sources 

Anear real-time video model defined in (3GPP2, 
2004) has been used for the generation of stream¬ 
ing video traffic. Each video frame arrives at a 
regular rate of 10 frames per second and consists 
of 25 packets whose size follows a truncated 
Pareto distribution (a= 1.2, min=50 bytes and 
max=200 bytes). The packet arrival process is 
also modelled by a truncated Pareto distribution 
(a=1.2, min=2.5 ms and max=4 ms), to account 
for the video encoding delays. The mean offered 
load for video traffic is 180 kbps and video nodes 
transmit all the buffered packets that belong to the 
same frame in a single DQCA frame. 

Service Differentiation and 
QoS Requirements 

The service differentiation paradigm used in IEEE 
802.lie (IEEE Std. 802.lie, 2005) has been ad¬ 
opted. In particular, four classes are defined for 
Background, Best-Effort, Video and Voice traffic, 
with service class ids from 1 to 4, respectively. 
Voice traffic is assigned the highest priority due 
to stringent delay constraints. In particular, a 
maximum delay of 150 ms per voice packet can 
be tolerated, after which the packet is dropped. For 
the Video class, the maximum delay has been set 
to 300 ms per packet. Best-effort data can tolerate 
a delay up to 5 s and finally background data has 
no delay constraints. 

MAC Layer Parameters 

The DQCA protocol parameters are summarized 
in Table 1. All control transmissions (i.e., the FBP) 
are sent at the minimum rate of 6 Mbps in order 
to ensure reliable tran smi ssion. 

The FBP has a length of 13 bytes, including 2 
bytes for the Frame Control (FC) field, 6 bytes for 
the feedback information, 1 byte for the ACK and 
4 bytes for the FCS (Frame Control Sequence). 
Some of the proposed algorithms require a rate 


Table 1. PHY/MAC layer parameters 


Parameter 

Value 

MAC Header 

34 bytes 

PHY Header 

20 ps 

SIFS 

10 ps 

Propagation Time 

1 \IS 

Control Minislots m 

3 

ARS 

10 ps 

FBP 

13bytes+CL_ Overhead 

CLOverhead 

DQCA and SP-alg. 

Obits 

CL,CLSP,VPF-alg. 

3 re bits 


vector with the available rate of all the nodes in 
the DTQ to be incorporated in the FBP. Given a 
set of eight rates, 3 bits are sufficient to represent 
all possible rate values. If TQ is the number of 
nodes in the DTQ, then TQ -3 bits must be ap¬ 
pended to the FBP. When multiple transmission 
queues are defined, as in the case of the CLSP- 
algorithm, the number of nodes is calculated as 

p 

TQ = YJQi L 

PERFORMANCE EVALUATION 

The throughput and delay performance of the 
proposed algorithms have been evaluated through 
simulations. Throughput is defined as the total 
number of successfully transmitted data bits to the 
unit of time. The relative throughput is defined as 
the ratio of the successfully transmitted bits to the 
number of generated bits and is evaluated for each 
class as well as for the whole system. Obviously, 
packets that do not satisfy the previously defined 
QoS constraints are dropped and not included in 
the throughput calculation. The mean delay is 
defined as the average time from the generation 
of a packet until its successful transmission and 
is evaluated separately for each service class. In 
addition, for the voice and video service classes 
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Figure 4. 


System Performance Total Offered Load (Mbps) 

18 20.4 22.8 25.2 27.6 30 32.4 34.8 37.2 39.6 42 44.4 


30 



the delay jitter has also been measured. Jitter J (i) is 
defined as the mean deviation (smoothed absolute 
value) of the difference D ; between the delays 
of two consecutive packets (z'-l) and i and is cal¬ 
culated by the formula presented in (Schulzrinne, 
Casner, Frederick, & Jacobson, 1996) 

J (i) = + (\D (U1 ^J (uv )/16, i>l (4) 

and 4=°, D (o =0. 

In the considered scenario each node gener¬ 
ates a single type of traffic, so the term s node and 
traffic flow (tr. flow) can be used interchangeably. 
Initially, a constant number of 10 background 
tr. flows that generate 1.8 Mbps each, has been 
considered. Then, tr. flows of voice, video and 
best-effort service classes are gradually added. 
The number of additional tr. flows is marked on 
the x-axis of all the figures in this section. For 
example, at x=0 there are only 10 background tr. 
flows. At x= 1, a voice, a video and a best-effort tr. 
flow are added, raising the total number of flows 
to 13. At the final evaluation point (x=20) there 


are 70 nodes, 10 with background traffic and 20 
with each of the other three service classes. Note 
that the generated traffic is approximately 27.23 
kbps per voice node, 180 kbps per video node 
and 1 Mbps per best-effort node. Hence, at each 
step the offered load increases by about 1.2 Mbps. 
The approximate value of the total offered load 
is marked at the upper part of the figures. Note 
also that the parameter a of the VPF-algorithm 
has been set to 0.5. 

The total system throughput is illustrated in 
Figure 4. The best performance is achieved by 
the CL-algorithm since, due to the opportunistic 
scheduling, higher transmission rates are used. A 
maximum throughput of 25 Mbps is reached and 
maintained even when the traffic load increases. 
The performance of DQCA comes next with a 
maximum throughput of approximately 21.5 
Mbps, which drops after point 14 and stabilizes 
at 19 Mbps. The other three proposed algorithms 
yield a lower throughput that decreases as the 
traffic load grows. The CLSP-algorithm performs 
better than the SP-algorithm especially under light 
traffic (e.g., for 5 tr. flows CLSP achieves 22.3 
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Figure 5. 


Voice Traffic Total offered Load (Mbps) 

18 20.4 22.8 25.2 27.6 30 32.4 34.8 37.2 39.6 42 44.4 



Traffic Flows per Service Class 


Mbps which is about 3 Mbps higher than the SP- 
algorithm and 1Mbps higher than DQCA). The 
VPF-algorithm performs slightly better than the 
SP-algorithm for light traffic and has a milder 
decrease rate. As a result it eventually outper¬ 
forms both SL and CLSP algorithms for higher 
traffic loads. 

In order to appreciate the contribution of the 
proposed schemes, the relative throughput for the 
three upper service classes has been plotted. The 
SP, CLSP and VPF algorithms achieve a relative 
throughput of 1 for the high-priority voice class 
since they employ service differentiation (Figure 
5). DQCA has a close to one throughput that 
slightly drops as the traffic grows. The percent¬ 
age of lost packets due to excess delay is shown 
at the rightmost part of the figure and for DQCA 
it remains under 1% for up to 17 voice tr. flows. 
On the contrary, the CL-algorithm totally fails to 
satisfy the voice QoS demands. In the case of video 
traffic (Figure 6), SP, CLSP and VPF algorithms 
again guarantee maximum throughput. DQCA can 
support up to 13 video nodes, but after that point 


the video performance drops dramatically. The 
CL-algorithm yields the highest throughput for 
the best-effort traffic that has very relaxed QoS 
constraints (Figure 7). The strict priority schemes 
(SP and CLSP) have a throughput of 1 for up to 
13 best-effort nodes and then deteriorate rapidly. 
The mild-priority VPF-algorithm can fully support 
9 best-effort flows but the drop in performance 
is not so steep. 

The above observations make sense since 
all algorithms have the same bandwidth but al¬ 
locate resources in a different way. Hence, there 
is a trade-off between fairness among all service 
classes and QoS provisioning. As the traffic load 
grows, the majority of packets transmitted under 
the service priority schemes belong to the voice 
and video classes. Since those packets are gener¬ 
ally small, the impact of the PHY/MAC overhead 
is more noticeable and is reflected as a decrease 
on the total system throughput. 

As far as the delay performance is concerned, 
for the algorithms that prioritize voice (SP, CLSP 
and VPF algorithms) the mean voice delay is kept 
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Figure 6. 


Video Traffic Total Offered Load (Mbps) 
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Traffic Flows per Service Class 


below 5 ms, as shown in Figure 8. In DQCA, the 
mean voice delay gradually increases as the traffic 
grows but it remains below 75ms. On the contrary, 
the delay for the CL-algorithm quickly exceeds 150 


ms, which is the maximum tolerated value by the 
voice service. Similar behaviorcan be observed in 
Figure 9 for the video service where the maximum 
tolerated delay is 300 ms. Even though the delay 


Figure 7. 


Best-Effort Traffic Total Offered Load (Mbps) 

18 20.4 22.8 25.2 27.6 30 32.4 34.8 37.2 39.6 42 44.4 



45 




















Cross-Layer Scheduling with QoS Support over a Near-Optimum Distributed Queueing Protocol 


Figure 8. 

Voice Traffic Total offered Load (Mbps) 
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Figure 9. 


Video Traffic Total Offered Load (Mbps) 



0 2 4 6 8 10 12 14 16 18 20 

Traffic Flows per Service Class 


performance for the data services has not been 
plotted due to space constraints, higher delays 
are anticipated for these classes, as a trade-off 
for the priorities assigned to the delay-sensitive 
multimedia services. 


To complete the delay analysis, the delay jitter 
for the voice and the video service classes has been 
plotted in Figure 10 and Figure 11 respectively. 
The jitter for the SP and the CLSP algorithms is 
almost zero, meaning that all the delivered voice 
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Figure 10. 


Voice Traffic Total 0ffered Load ( Mb P s ) 

18 20.4 22.8 25.2 27.6 30 32.4 34.8 37.2 39.6 42 44.4 



and video packets suffer the same amount of de¬ 
lay. The jitter for the VPF algorithm is also very 
small, and does not exceed 3 ms for voice and 10 
ms for video traffic. For DQCA the voice jitter 
increases with a slight slope and is kept below 
25 ms whereas the video jitter rapidly rises when 
there are more than 13 tr. flows (which is exactly 
when its relative throughput performance drops 
dramatically). Clearly, the jitter is considerably 
large for the CL-algorithm. 

Finally, Figure 12 evaluates the throughput 
performance of the VPF-algorithm for three values 
of the parameter a, in particular for a=0.3, 0.5 
and 0.7. Smaller values of a correspond to a more 
opportunistic scheduling scheme whereas larger 
values mean that the service differentiation plays 
a more important role. The throughput for the 
voice, video and best-effort class has been plotted 
in the figure, as well as the total throughput of 
the system. It is evident that more opportunistic 
scheme s have a higher total throughput but cannot 
always guarantee QoS. 


The performance evaluation in terms of 
throughput, mean delay and delay jitter for the 
four proposed algorithms has been presented 
in this section. It is difficult to compare the 
proposed schemes, since each one of them has 
a different objective. The DQCA is a balanced, 
fair protocol that does not take into consideration 
QoS demands. As a result, it cannot provide QoS 
guarantees, which is mostly evident in the case 
of the video service class. The CL-algorithm is 
focused on maximizing the system throughput but 
also ignores QoS demands. Therefore, it enhances 
significantly the performance for classes that can 
tolerate delay (such as the data best-effort and 
background traffic) but is not suitable for networks 
with multimedia traffic. 

On the other hand, the main objective of the 
SP-algorithm is to give priority to delay-sensitive 
service classes and therefore has a near-optimum 
throughput performance and very low delays 
for voice and video applications. This, however, 
has an impact on the best-effort and background 
classes, whose performance drops significantly 
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Figure 11. 


Video Traffic Total 0ffered Load (Mbps) 

18 20.4 22.8 25.2 27.6 30 32.4 34.8 37.2 39.6 42 44.4 



and eventually reaches zero. The CLSP-algorithm 
tackles this problem by employing opportunistic 
scheduling while maintaining the service priority 
scheme. As a result, higher throughput and lower 


delays with respect to the SP-algorithm is achieved 
for all classes. However, when the traffic load is 
very high, the background traffic class is also led 
to starvation (zero background throughput). 


Figure 12. 


VPF-algorithm Total offered Load < Mb P s > 

18 20.4 22.8 25.2 27.6 30 32.4 34.8 37.2 39.6 42 44.4 
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Finally, the VPF -algorithm implements a trade¬ 
off between service differentiation and a mild op¬ 
portunistic scheme that takes into account the age 
of the nodes in the transmission queue (indicated 
by the pTQ value). Its performance depends on 
the selection of the tunable parameter a. For a=l 
the VPF-algorithmperformance becomes identical 
to the SP-algorithm and for smaller values of a it 
tends (but cannot reach) towards the performance 
of the CL-algorithm. For a=0.5, which is the case 
evaluated in this section, the VPF-algorithm en¬ 
sures QoS performance for the voice and the video 
traffic and in addition overcomes the starvation 
problem. The improvement of the background 
traffic performance is achieved at the cost of 
best-effort throughput degradation (with respect 
to the other algorithms). Nevertheless, the system 
fairness is increased since all classes get access 
to the channel (non-zero throughput). 

FUTURE RESEARCH DIRECTIONS 

There are several interesting open research lines 
in the field of MAC layer design based onDQCA. 
Some currently conducted work is focused on the 
development of a power consumption model that 
will facilitate the assessment of the suitability of 
DQCA for energy constraint networks, such as 
sensor networks. 

Moreover, since DQCA is a very efficient and 
flexible protocol, the identification and perfor¬ 
mance evaluation of realistic applications also 
constitutes an important line for future research. 
Among many examples, disaster rescue operations 
or inter-vehicular communications can be identi¬ 
fied as innovative topics that are getting more 
relevance in the scientific community and which 
match with the characteristics of DQCA. In fact, 
they are inffastructureless networks established 
in an ad hoc fashion to satisfy a spontaneous need 
and where a high number of users, which tend to 
be clustered, compose a highly loaded network. A 


variation of DQCA, named DQMAN (Distributed 
Queueing Mac protocol for Ad hoc Networks) and 
specially adapted for this kind of networks, has 
been already presented in the literature (Alonso- 
Zarate, Kartsakli, Skianis, Verikoukis, & Alonso, 
2008). 

Finally, the most interesting and important 
future goal would be the actual hardware imple¬ 
mentation of the protocol. Most of the efforts have 
been focused on developing a testbed wherein 
DQCA can be implemented and thus the ideas 
presented in this chapter can be finally validated in 
a real environment. An American company called 
Ether2 (Ether2, 2005) is already implementing 
a prototype of wireless network cards based on 
DQCA, and hopefully some real equipment will 
be available in the near future and a commercial 
application could be possible. 
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ABSTRACT 

In order to obtain better Quality-of-Service (QoS) requirements for multimedia traffic, the 802.11 TGe has 
proposed HCF Controlled Channel Access (HCCA) method for the Controlled Access Period (CAP) in 
the HCF (Hybrid Coordination Function) to enhance the original IEEE 802.11 Medium Access Control 
(MAC) protocol, and it is expected to provide integrated traffic service to realize mobile multimedia 
communications. However, the reference design of admission control and scheduling policy in HCCA 
still can not provide stringent delay requirements to fulfill a hard QoS guarantee, a necessary feature for 
most multimedia applications. In this chapter, the authors propose a pragmatic admission control scheme 
with a novel polling based packet scheduling policy for multimedia transmission, such as Constant Bit 
Rate (CBR) and Variable Bit Rate (VBR) traffic, for IEEE 802. lie HCCA method. Our design is simple, 
it is compatible with the standard, it can guarantee delay constraint, and it utilizes bandwidth efficiently. 
A simple and accurate analytical model is carried out to study the average queueing delay estimation 
of the proposed scheme. In addition to theoretical analysis, simulations are conducted in NS2 network 
simulator to verify our analysis and to validate the promising performance of the proposed scheme. 
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INTRODUCTION 

In the past, network designers had to contend with 
only one form of traffic, voice or data. Today, 
most new applications have become much richer 
in content than simply text, or strictly telephony, 
and require transmission of multitude of media. 
Hence, there is a strong economic and practical 
push to integrate all of these applications onto a 
single network. However, data, video and audio 
media have different transmission requirements, in 
terms of sustained data rates, acceptable latency, 
and tolerated error rates. Hence, the presence of 
QoS support in wireless networks is crucial since 
a global, ubiquitous wireless network will play a 
vital role in creating new user-centric communica¬ 
tion service in the next generation Internet. 

In Wireless Local Area Networks (WLANs), 
the MAC protocol is the key component that pro¬ 
vides the efficiency in sharing the common radio 
channel while satisfying the QoS requirements for 
multimedia applications. That is, MAC protocols 
that aim to carry multimedia traffic must be able 
to meet the differing requirements of each of the 
different traffic classes. Time-bounded data are 
useless unless arrived in time. Such data usu¬ 
ally have stringent delay constrains and in many 
cases they should be delivered exactly as they 
were generated. Examples of such traffic include 
voice and video. On the other hand, asynchronous 
data, such as email or file transfer, can be delayed 
without causing any inconvenience. 

In general, there are two methods in wireless 
MAC protocols to facilitate the transmission of 
time-bounded data, reservation schemes and 
priority schemes. Reservation schemes allow 
time-bounded traffic to reserve a periodic time 
slot on the channel that they alone can access. 
When the time-bounded traffic being transmitted 
is voice or video, the reserved time is a periodic 
slot in time within a larger time frame. Once a 
slot is assigned, no other stations may contend for 
that portion ofresources. All reservation schemes 
suffer from one drawback. When reserved and 


unused, the resource is simply wasted. This is 
where priority schemes come in. Priority schemes 
share resources and at the same time allow some 
stations to have a larger share of the pie. They 
assign higher priority to the time-bounded traf¬ 
fic and high priority traffic has precedence for 
using network resources. However, depending 
on the protocol design (for example, whether the 
resource usage is preemptive), performance can 
not be absolutely guaranteed. 

The original IEEE 802.11 standard (Chen, Zhai, 
Tain & Fang, 2006) is designed for best effort 
service only. The lack of a built-in mechanism 
for support of real-time services makes it very 
difficult to provide quality-of-service guarantees 
for throughput-sensitive and delay-sensitive mul¬ 
timedia applications. Therefore, modification of 
existing standards is necessary. To expand sup¬ 
port for applications with QoS requirements, the 
802.lie Task Group (IEEE Draft Std. 802.11e/ 
D8.0, 2004) was formed to enhance the original 
IEEE 802.11 MAC protocol and it is expected to 
provide integrated traffic service to realize mobile 
multimedia communications. 

Asimple admission control scheme and packet 
scheduling policy for IEEE 802.1 le HCCAmethod 
has been developed as a reference in the IEEE 
802.11 e standard, where the mean data rate and the 
mean packet size are used to calculate the resource 
need by stream. However, a guaranteed stringent 
delay constrain for every single MAC Service 
Data Unit (MSDU) to provide multimedia traffic 
with their pledged QoS requirements still cannot 
be satisfied in WLANs since the instantaneous 
and fluctuating data rate generated by multimedia 
applications are usually quite different from the 
corresponding mean values. 

This chapter aims to provide a comprehensive 
study of the limitations and merits of mechanisms 
that have been proposed toward the provision 
of hard QoS support to WLANs at MAC layer. 
F irst, we will give a brief introduction of the IEEE 
802.lie HCCAmethod. We then explore various 
proposed admission control schemes and packet 
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scheduling policies in WLANs. These schemes 
significantly enrich the enhancement of QoS 
guaranteed from different aspects. 

Moreover, as a result from the study of these 
strategies, in this chapter, we propose a pragmatic 
admission control scheme with a novel polling 
based packet scheduling policy for multimedia 
transmission, such as CBR and VBR traffic, 
for IEEE 802.lie HCCA method. Under such a 
scheme, the proposed ad mi ssion control scheme 
considers the expected delay of new connection 
and its effect on existing sessions upon arrival of 
new connection for admission decision to ensure 
that the cha nn el is not overloaded and the delay 
constrains are not violated. Besides, the proposed 
polling based packet scheduling policy can de¬ 
rive sufficient conditions such that all accepted 
streams satisfy their delay constraints to provide 
hard QoS guarantees for every single MSDU in 
IEEE 802. lie WLANs. Compared with previous 
works, our design is simpler and provides better 
performance over a wider range of scenarios. 
Furthermore, the proposed scheme not only can 
guarantee the delay constrains, but also it is com¬ 
patible with the IEEE 802.1 le HCCA method. 

An analytical analysis is carried out to study 
the average queueing delay estimation of proposed 
scheme under equilibrium state. In addition to the 
analytical analysis, we have also carried out com¬ 
prehensive simulations implemented by network 
simulator NS2 to evaluate the performance of the 
proposed scheme. The results confirmed that the 
proposed scheme not only guarantee delay con¬ 
strains but also achieves lower packet dropping 
probability, lower average packet access delay, 
and higher system throughput compare to the 
reference design in HCCA method. 

Finally, we will take a look at emerging 
technologies that are on horizon and provide 
some thoughts on how these technologies might 
address particular problems that may exist today 
and tomorrow. 

The remainder of this chapter is organized as 
follows. Section 2 gives an overview of IEEE 


802. lie HCCA method along with the reference 
scheduler design. Section 3 discusses the related 
QoS studies for transmitting multimedia traffic 
over HCCA method. Section 4 introduces the 
proposed scheme. Mean queueing delay analysis 
of the proposed scheme is presented in Section 
5. Simulation and experimental results are given 
in Section 6, followed by Section 7 which draws 
conclusions of this chapter. 


THE REFERENCE DESIGN IN 
IEEE 802.11 E HCCA METHOD 

The IEEE 802. lie HCCAmethod, which improves 
over the Point Coordination Function (PCF) of 
legacy IEEE 802.11 MAC protocol, is a polling 
based mechanism where the access to the chan¬ 
nel is arbitrated centrally. For HCCAmechanism, 
ad mi ssion control is an important component for 
the QoS provision. This section presents the refer¬ 
ence scheduler design in HCCA method. 

IEEE 802.11 e introduces the concept ofTraffic 
Stream (TS) which can be thought of as a set of 
MSDU that has to be delivered conforming to a 
corresponding Traffic Specification (TSPEC). A 
TSPEC characterizes the traffic streams and its 
QoS requirements. A TSPEC negotiation takes 
place between a station with real-time traffic 
(QSTA) and the HC collocated with the QoS 
Access Point (QAP) before a TS can be served 
through the HCCA. The TSPEC parameters which 
are considered during the negotiation include 
nominal MSDU size in octets, mean data rate in 
bps, Maximum Service Interval (MaxSI) which is 
the maximum interval in micro seconds between 
two successive polls for the stream, minimum 
PHY rate, and delay bound. Once the TSPEC 
negotiation is successful, the TS is admitted and 
offered Transmission Opportunities (TXOPs) by 
the HC in each polling cycle. The length of the 
TXOPs offered to the stream is decided through 
a scheduling scheme. The periods in which the 
HC has the exclusive control of the cha nn el for 
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Figure 1. Timing diagram of the reference HCCA access method 
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data transmission are called Controlled Access 
Periods (CAPs). The HC polls the QSTAs during 
these CAPs and offers TXOPs to the admitted 
streams. 

A reference ad mi ssion control algorithm was 
developed in the IEEE 802. lie draft. Its admission 
control is based on a simple scheduler that uses 
the mandatory set of TSPEC parameters to gener¬ 
ate a schedule. In particular, when a new stream 
requests for admission, the admission control 
process performs the following tasks. 


where 4> is the minimum physical transmission 
rate, w* is the maximum size of an MSDU, and 
X denotes the overhead in time unit. 


3) Assuming that there are k admitted streams, 
a new stream & +1 is accepted if it satisfies 
the following criterion: 


TXOP * TXOP 

-^ + E 


1) The admission control unit calculates the 
number of MSDUs that arrive at the mean 
data rate during the scheduled service inter¬ 
val SI, <; ,as 



where T CAP is the duration of Controlled Access 
Periodand T CP isthedurationofContentionPeriod 
(CP). Figure 1 shows the cha nn el timing diagram 
encompassing a beacon period in an HCCA en¬ 
abled IEEE 802.lie WLAN with the reference 
HCCA scheduler operated in Round-Robin (RR) 
fashion, where k in the figure denotes the number 
of scheduled streams. 


where T,- is the mean data rate and ,jJ is the 
nominal MSDU size. 

2) For stream i, the TXOP. is calculated as 

TXOP = max(^ J —^~ + X, — + X) 
c)> (j> 


BACKGROUND 

The need for providing QoS for multimedia traf¬ 
fic in 802. lie WLANs has been driving research 
activities and standardization efforts for some 
time. In the past few years, we have seen many 
research works focusing on providing QoS for 
real-time traffic in WLANs (David, Jose, Daniel 
& Javier, 2007), (Stefan, Sunghyun, Gudio, Ole 
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& Bernhard, 2003), (Chen, Zhai, Tian & Fang, 
2006) (Deng & Yen, 2005). For example, a media 
optimization network architecture (MONA) is 
proposed in (Koga, Kashihara, Fukida, Lida & 
Oie, 2006) to improve voice performance. Since 
voice communication is bidirectional, the authors 
improved downlink voice throughput from access 
point to individual wireless stations. In (Wang, 
Liew & Li, 2005), the authors have used black- 
burst contention for high priority access category. 
A voice station waits for designated arbitrary inter 
frame space period when the channel is idle and 
then sends a sequence of energy pulses called 
black burst. The station with longest burst will 
send the voice packet. In (Park, Kim, Choi & 
So, 2007), the authors proposed a fair QoS agent 
(FQA) to simultaneously provide per-class QoS 
enhancement and per-station fair channel sharing 
in WLANs. 

The concept of PIFS waiting period is intro¬ 
duced at the access point for sending voice packets 
to wireless nodes instead of regular backoff pro¬ 
cess as stipulated by EDCA protocol. Handover 
is performed based on layer 2 retransmissions. 
For similar reasons, multiplexing and multicast¬ 
ing (MM) scheme is proposed in (Wang, Jian 
& Zhuang, 2006). The scheme combines voice 
packets destined to several wireless stations into 
a single large packet at the central access point. 
The large multiplexed packet is then multicasted 
on to the cha nn el so that all wireless stations 
can receive it. In another work, the performance 
of EDCA protocol is compared with European 
standard HIPERLAN/1 media access control pro- 
tocolnamely “Elimination YieldNon-Preemptive 
Medium Access (EY-NPMA)” (Dimitriadis & 
Pavlidou, 2004). 

Most of the above approaches are based on pri¬ 
orities, giving access preference to those stations 
that have been assigned higher priority. However, 
service differentiation mechanism is helpful in 
providing better QoS for multimedia data traffic 
under low to medium traffic load conditions, but 


service differentiation mechanism does not per¬ 
form well under high traffic load conditions (Hua, 
Ming, Imrich & Prabhakaran, 2004). Besides, 
with the contention-based Enhanced Distributed 
Channel Access (EDCA) mechanism, bandwidth 
provisioning is almost impossible, leading to only 
soft QoS guarantee. 

In HCCA method, the QAP polls the stations 
and allocates TXOPs to a QSTA. However, there 
are some drawbacks concerning the operation of 
HCCA. To begin with, some valuable bandwidth 
is spent because of the polling packets sent to the 
stations. Besides, the use of acknowledgments is 
bandwidth costly, too. Furthermore, extra TXOPs 
may be allocated to a station (Qinglin & Tsang, 
2008). Finally, the reference design in HCCA 
method is not suitable for VBR traffic, where the 
instantaneous and fluctuating data rate is usually 
quite different Ifomthe corresponding mean values 
(Mihaela, Yiannis & Zhiping, 2006). 

To remedy these problems, some research¬ 
ers proposed novel methods that use additional 
information such as the queue size and the 
transmission status of stations to determine how 
long and how often should TXOPs be allocated. 
In the method proposed in (Antonio, Mario & 
Mario, 2003), the AP allocates the TXOPs with 
different lengths to stations and sends the polling 
messages to the stations with service intervals 
of varying lengths. The FHCF (Efficient HCF) 
mechanism presented in (Ansel, Ni & Turletti, 
2006) uses the statistics of estimated queue size 
to evaluate the proper queue size allocated in the 
next polling procedure. In (Deyun, Jianfei & King 
Ngi, 2005), the authors proposed an admission 
control algorithm named Physical Rate-Based 
Admission Control (PRBAC), which considers 
physical rate variance due to station mobility and 
wireless channel characteristics. The basic idea of 
PRBAC is to use the long-term average physical 
rates for admission control, and at the same time 
use the instantaneous physical rates to distribute 
TXOPs to individual stations. In (Deyun, Jianfei 
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Table 1. Notations and variables used in analytical analysis 


Notations and variables 

Meaning and explanation 

m 

number of CBR sessions 

n 

number of VBR sessions 


mean data rate 

w 

nominal MSDU size 

P 

maximum burstiness of VBR traffic 

d 

maximum tolerant delay of multimedia traffic 

# 

minimum physical transmission rate 

<5. 

maximum service interval 

M 

maximum delay constrain for admitted inactivated VBR source 

T sifs 

time needed for SIFS 

T pou 

time needed to poll a QSTA 

Tack 

time needed for transmitting ACK frame 

K 

average number of packets in queue for l multimedia session 

W. 

packet average waiting time in queue for i th multimedia session 

P, 

system utilization factor for l multimedia session 


& Chen, 2008), the authors proposed a Rate Vari¬ 
ance envelop basedAdmission Control (RVAC)for 
VBR traffic over HCCA. The RVAC uses the dual 
token bucket shaper to guarantee that each traffic 
flow conforms to a certain QoS specification. In 
(Mohammad, Ekram & Vijay, 2008), the authors 
proposed a new scheduling scheme, namely, the 
PredictionandOptimization-basedHCCA(PRO- 
HCCA), based on the insights gained from the 
queueing analysis since queue management is 
one of the fundamental mechanisms for providing 
the underlying QoS and one of the fundamental 
mechanisms for differentiating service levels. 


THE PROPOSED SCHEME 

In this section, we present the proposed scheme 
in detail. Our method involves two basic compo¬ 
nents: (a) admission control scheme for access 
decision (b) packet scheduling policy for HCCA 
method. 

Before we start to discuss the issues of inter¬ 
est, important notations and variables are defined 
in Table 1, and they will be used throughout this 
chapter. 
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Admission Control Scheme 
for Access Decision 

Admission control is a crucial part of any QoS 
implementation. Within the context of the IETF 
Integrated Services architecture, admission control 
determines whether a network node has sufficient¬ 
ly available resources to supply the requested Qo S 
(Paul & Geoff, 1998). In the proposed scheme, if 
the originator of the traffic stream requests QoS 
levels from the network using parameters within 
the TSPEC specification, the admission control 
module in the QAP checks the requester’s TSPEC 
to determine whether the resources are available 
under the current network status. That is, upon ar¬ 
rival of a new flow, the admission control scheme 
decides to grant or deny admission permit. The 
decision is made based on the current informa¬ 
tion of the system and the analytical model for 
estimating of the expected delay. 

Admission Control for CBR Traffic 

Assume there are m CBR sources, and we denote 
(%, d. ) as the traffic parameters of the ith CBR 
source. 

Let t p = 2 T sifs + T poll + “ + T ack a nd 

< = if <<X and 

d* < d. for all i = 1,2.. .m, then all the packets 
generated by the ith CBR source meet their delay 
constraints. 

Proof 

Suppose that the first token generated from the ith 
CBR source has the maximum delay time d. . We 
want to prove that d. < d. for 1 < i < m . 

Considering the first CBR source, since the 
maximum delay is to wait the channel to be 
cleared, thus we have d x <t p = d x < d. , which 
establishes the induction basis. 


Suppose our induction hypotheses holds up 
to the (i-l)st CBR sources. Now we consider 
the ith CBR source. Suppose d. > d. . Then 
it means that up to the time d. the channel 
must be serving all the CBR sources from 1 

to i- 1. Since we assume d* <—, we have 

(yH-x d* +1) x t p < (E ~ +1) x t p = d* 

. Hence, the claim itself is proved false, so op¬ 
posite of the claim is proved true. This shows 
d. < d* < d. (Q.E.D.) 

Admission Control for VBR Traffic 

Assume there are n VBR sources, and we denote 
(, 3 ., d .) as the traffic parameters of the jth 
VBR source. 

Let (3 0 =(m + l)xt p , % = t p xJ2^ 

P| = (P; + 1 ) Xt p , > 

1 

Ep*+^ x E^< 

d) = t). + ^-’ 

!-E% 


j=2,3...n. 

If E% — f and d* < d. for all j =1, 2...«, 

then all the packets generated by the jth VBR 
source meet their delay constraints. 

Proof 

Consider a nonnegative, left limited, and right 
continuous stochastic process A={a(t), t> 0}. 
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Let A(t v t 2 ) = J a(t)dt . We say that A is (J3 , 
r)-upper constrained if A(s, t+s) < rt+ft for all 

s, f> 0. Similarly, A is (P, r)-lowcr constrained if 
A(s, t+s ) > rt+P for all s, t> 0. Since the number of 
departures in ( t x , t 2 ] from a {p, r)-leaky bucket is 
bounded above by (3 + \r(t 2 — )|, the departure 
process from a {p , r)-leaky bucket is (P+1, r)- 
upper constrained. 

Now consider the first VBR source. Let 
C\={c\(t), £>0} be the stochastic process that 
denotes the available bandwidth to the first VBR 
source at time t. If the channel is available to the 
first VBR source at time t, then c\(f)=\. Other¬ 
wise, cl (t)=0. 

As mentioned above, the maximum number 
of packets from the m CBR sources that can be 

served in (t , t ] is at most Yj — x (t — t ) 

77 j u) | 

. Hence, the bandwidth that is available to 

the first VBR source in (t x , t 2 \ is at least 

*2 - h - tp x {! + E [j x ( f 2 - 0 + l]} - Thus, 

C,(00) > (1 - t p x ^-) x (t 2 - fj) -t p x(m + 0 

That is, Cj is (3 (| , 1 — 7 0 )-lower constrained. 

LetH 1={a 1 (t),t>0 } be the amount ofworkload 
of VBR source 1 that arrives at the channel at time 

t. Sincethenumberofdeparturesin(t7, t2\ fromthe 
first VBR traffic is ((3 X +1, 7, )-upper constrained. 

We have A 1 (t l ,t 2 ) < t p [^ ] (t 2 —+ (3j + 1]. This 

shows A 1 is (3 0 , 1 — ^ )-upper constrained. 

Consider an instant after the last packet was 
sent (but not the end-of-file packet) by the first 
VBRsource. Mark the instant as time 0. By letting 
q 1 (t) be the amount of backlogged workload from 
the first VBR source in the cha nn el at time t, we 
have q 1(0=0. Since the next token for the first 
VBR source will be generated after time q\ at the 
latest. We have q 1 (t)=A\(0, t)-C\ (q 1, t). Note that 
the delay for an arrival at time t is bounded by the 


amount of time needed to deplete ql(t), and the 
time to deplete q\(t) is boundedby inf {d> 0: A 1 (0, 
t)-C\(q\, t+d) < 0}. Maximizing over t, we have 
the following upper bound for the maximum delay: 
d * = sup infjc/ > 0 : ^(0, t) — t + d) < 0} 

Since < 1, we have r Q + t p x — < 1. Ap¬ 

plying the upper constraint for A i and the lower 

constraint for C , we have d* = tl + 1 • . 

!-T 0 

This completes the argument for the first VBR 
source. 

Since the maximum delay of the t h VBR 
source is bounded above by d k , k=\,2...j-\, 
the number of packets from the k th source 
that can be served in {t y . t 2 ] is bounded above 

by j3 + — x (t — t l + d*) . Hence, the 
I lj I 

amount of workload from the k lh source that 
can be served in (t v t 2 j is bounded above by 
t x [— (t — 0 + (3 +1 + — xd*]. Parallel 

P LJ U 

to the argument for the first VBR source, the 
maximum delay of the f h VBR source is bounded 
above by: 

'%2$k +t P x J2 1 ’] xd l 

ft,- + — -7777-• 

Finally, we still need to engineer T|. to complete 
this scheme. In order to maximize the bandwidth 
utilization, one should have as large as possible. 
The largest p, canbe obtained by solving d.=d 
(Q.E.D.) 
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Figure 2. System diagram for the proposed packet scheduling policy 
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Packet Scheduling Policy 
for HCCA Method 

In the proposed scheme, we use token buckets to 
provide traffic shaping and ingress rate control. 
The token buckets hold tokens, with each token 
representing the capability to send a packet. The 
QAP implements a token bucket for each multime¬ 
dia stream, and the stream with smaller tolerated 
delay constraint will get higher priority. The token 
bucket contains tokens. For CBR traffic, each 
of which can represent the capability to send a 
packet. For VBR traffic, the token bucket allows 
bursty traffic to continue transmitting while there 
is a token in the bucket thereby accommodating 
traffic flows with bursty characteristics. We depict 
the packet scheduling policy in Figure 2. 

Since QAP acts as a bandwidth coordinator, it 
will perform the following algorithm once it has 
the control of the medium. 

Function Packet Scheduling Pol¬ 
icy 
do { 

repeat Contention Period 
until any token found in token 
bucket 

repeat Controlled Access Period 
scan token buckets of CBR 
streams according to present 
priority order 


if a token found in CBR flow 

ithen { 

remove one token from this to¬ 
ken bucket 

poll corresponding CBR source 
and transmit a packet 

if not the last packet then { 
generate next token after 

— — t sec }else {remove this 

% P 

token bucket}} 
else { 

scan token bucket of VBR streams 
according to present priority 
order 

if a token found in VBR flow 

jthen { 

poll corresponding VBR source 
and transmit a packet 

if not the last packet thenif 
piggyback bit was not set then { 
remove the token from 
this token bucket 

generate next token 
after h sec }else remove this 
token bucket }}until no token 
found in token buffer 
} while(1) 

The QAP first scans the token buckets of CBR 
sources according to the preset priority order. If 
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a token is found, it removes one from this token 
bucket and polls this CBR terminal. On receiving 
a poll the station transmits its packet after a SIFS 
interval. Then, the QAP generates the next token 

for this CBR source after — -1 second if this 
is not the last packet. 

If no tokens are found in the token buckets of 
CBR sources, the QAP continues to scan the token 
buckets for VBR sources according to the preset 
priority order. If a token is found, it polls this VBR 
terminal, and it will not remove the token if the 
piggyback was set while this VBR source transmit 
it packet. If the piggyback was not set and it is 
not the last packet (End-of-File) either, the QAP 
removes the token, and then generates the next 
token for this VBR source after i| seconds. 

If there is no token found in all token buckets, 
the QAP will not know which, if any, of the sta¬ 
tions have packets to transmit, then, it can end 
the Controlled Access Period, and, for assuring 
the time constraint of admitted real-time traffic, 
the QAP shall announce the beginning of the next 
Controlled Access Period by consistently observ¬ 
ing the token buckets among its polling list. 

MEAN QUEUEING DELAY ANALYSIS 


Firstly, we assume that the overall 
system utilization is less than 1, that is 

pj + p, +.+ P„ < 1 

Considering the first multimedia flow, i.e. 
i = 1, its average waiting time in the ready-to- 

transmit buffer is W l = + N' Q ■ t .Eliminat¬ 

ing N q from this equation usingLittle’sTheorem, 

N' q = /' ■ W x ,wcobtain W x = + p ] • W x , and 

t t 

finally we have W, = ---=---. 

1 2(1 - Pl ) 2(1 -r r t p ) 

For the second multimedia flow, i.e. i=2, we 
have a similar expression for W 2 except that we 
have to count the additional delay due to packets of 
higher priority that arrive while a packet is waiting 
in ready-to-transmit buffer. This is the meaning 
of the last term in the following formula: 

W 2 = tp /( + N l Q -t p + N 2 Q -t p + rJV 2 ■ t p 
Using Little’s Theorem, we obtain: 

w 2 = tp / + Pi • W x + p 2 ■ W 2 + Pi ■ W 2 


A packet sent from an upper-layer protocol over 
MAC layer will first be placed in a transmission 
queue. The packet delay caused by waiting here is 
referred to as the queueing delay. In this section, 
we focus on the evaluation of average queueing 
delay for the proposed scheme. 

Denote 

N‘ q = Average number of packets in queue for 
i th multimedia session 

W. = Packet average waiting time in the ready-to- 
transmit buffer for i th multimedia session. 


% +Pr^i 

Which yields W = -. Using the 

1 — Pi — P 2 

expression of W x obtained earlier, we have 


W 2 = 


2(1 - r x ■ t p )( 1 -r x -t p -r 2 - t p ) 


. Since the 


derivation^ similarforallpriorityclasses,theformu- 

lafor W. is- - -. 

2(1 -p, - ... - p^—i)(1 -P, - ••• - P ; .) 


Hence, the average queueing delay of each packet 
for i th multimedia flow is: 


Pi = Ji = System utilization factor for i ,h multi- 
media session 


..-r i ^t p ){\-r x .t p -...-r r t p ) 
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PERFORMANCE EVALUATION 

In this section, we evaluate the performance of 
the proposed scheme. 

Simulation Environment 

Our simulation model is built using the network 
simulatorNS2 (The Network Simulator, n.d.). The 
model represents a BSS in the IEEE 802. lie stan¬ 
dard WLANs with all stations in the BSS (Basic 
Service Set) capable of directly communicating 
with the remaining parties. In other words, the 
transmitting power used for each station is as¬ 
sumed to be high enough to cover a 250 meters 
trans mi ssion range. To focus on the access control 
issue and to reduce the complexity of the simula¬ 
tion, what follows are the basic assumptions in 
our simulation environment. First, the “hidden 
terminal” and the “exposed term in al” problems 
are not addressed in the simulationmodel. Second, 
no stations operate in the “power-saving” mode. 
Third, no interference is considered from nearby 


BSSs. Finally, the transmitted propagation delay 
is 1 microsecond. This is a realistic assumption 
if the trans mi ssion distances between stations are 
oftens meters. The default parameter values used 
in the simulation are listed in Table 2. The values 
for the simulation parameters are chosen carefully 
in order to closely reflect the realistic scenarios 
as well as to make the simulation feasible and 
reasonable. 

Simulation Results 

In what follows, the performances of the proposed 
scheme and the reference design in HCCAare com- 
paredbased on simulations. Our aim is to compare 
the QoS provided by these two protocols. 

In reference design, first come first serve 
(FCFS) is adopted as the random access proto¬ 
col, and the round-robin discipline is chosen as 
the scheduling policy for QAP in the CAPs. It 
is noteworthy that the duration of the CAPs are 
dynamically allocated according to the current 
channel and traffic status by the QAP using the 


Table 2. Default parameter values used in the simulation 


Parameter 

Value 

maximum data rate (WaveLAN DSSS) 

11 Mb/s 

time needed for each time slot 

20 US 

duration of short interframe space (SIFS) 

10 US 

duration of PCF interframe space (PIFS) 

30 us 

duration of DCF interframe space (DIFS) 

50 us 

ACK frame size 

112 bits 

MAC overhead 

224 bits 

duration of a PLCP preamble 

144 US 

duration of a PLCP header 

48 US 

propagation delay 

1 US 

minimum contention window size 

31 slots 

maximum backoff stages 

5 

simulation topology 

250m X 250m 

sustained traffic rate for multimedia traffic 

64~256Kb/s 
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Figure 3. Packet delay variation measurement concerning high priority multimedia traffic for the pro¬ 
posed scheme 



proposed packet scheduling policy in the proposed 
scheme. 

Simulationresults are shownbelowinthe form 
of plots. Firstly, we measured the packet delay 
variation for the proposed scheme and reference 
design respectively. This metric is the major 
representative capability of the MAC protocol to 
efficiently provide QoS. In Figure 3 to Figure 6, 
we have plotted the results regarding packet delay 
variation. Figure 3 and Figure 4 report this major 
performance metric, gathered in a 50 seconds ex¬ 
periment, for high priority streams. It is obvious 
that the proposed scheme exhibits much lower 
delay variation than the reference design, as the 
delay variation of the packets is always kept below 
the required delay constraint. This result shows 
that the proposed scheme can efficiently support 
multimedia traffic by providing significantly low 
delay variations. 

Figure 5 and Figure 6 report the packet delay 
variation, gathered in a 50 seconds experiment, 


for low priority multimedia sessions. As shown in 
the figures, the variation for the proposed scheme 
seems a slightly larger compared to the reference 
design. This phenomenon may be attributed to that 
we allow the high priority traffic to use bandwidth 
exclusively with priority over low priority traffic 
for the proposed scheme, and in the reference 
design some of the streams are simply dropped 
since these streams exceed their delay constraints. 
However, in the proposed scheme the packet varia¬ 
tions for the accepted streams are found to be well 
below the corresponding QoS limits. 

Figure 7 illustrates the dropping probability 
of accepted multimedia sessions for the proposed 
scheme andreference designrespectively. It should 
be noticed that in both scenarios, packets will be 
dropped if they exceed their maximum tolerated 
delay constraint. As illustrated in the figure, we can 
see that although there is not much difference in the 
values of the performance measures when load is 
light, the proposed scheme provides significantly 
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Figure 4. Packet delay variation measurement concerning high priority multimedia traffic for the refer¬ 
ence design 



Tines (sec) 


Figure 5. Packet delay variation measurement concerning low priority multimedia traffic for the pro¬ 
posed scheme 
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Figure 6. Packet delay variation measurement concerning low priority multimedia traffic for the refer¬ 
ence design 
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Figure 7. Dropping probability versus number of flows for multimedia traffic 
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better performance than the reference design at 
heavy load. In other words, the average access 
delay of the proposed scheme remains zero when 
the offered load is high; in contrast, the reference 
design shows a sharp rise as the load increases since 
it lacks appropriate admission control scheme and 
packet scheduling policy. The simulation results 
imply that the proposed scheme is appropriate for 
transmitting multimedia traffic. 

Figure 8 compares the average access delays 
of multimedia traffic from the proposed scheme 
and the reference design. We can see that although 
there is not much difference in the values of the 
performance measures when traffic load is low. 
The proposed scheme provides a much better per¬ 
formance than the reference design as we increase 
the traffic load. Since we allow the high priority 
multimedia traffic to use bandwidth exclusively 
with priority over other traffic, the average access 
delay of the proposed scheme will be kept lower 
than the reference design. 


Figure 9 depicts the achievable throughput as 
the traffic load increases under both scenarios. As 
shown in the figure, the throughput improvement 
can be as much as 15% in congested wireless en¬ 
vironments. It reveals that our proposed scheme 
could reduce the dropping probability without 
sacrificing the overall system performance, which 
means that our proposed scheme gets up to 15% 
more throughput from the cha nn el while still 
meeting the QoS constraints. 

FUTURE RESEARCH DIRECTIONS 

There are several interesting problems arise from 
this research. First, the proposed scheme provides 
hard QoS for real-time traffic. This strategy might 
work well in the environment where resource is 
abundant. Unfortunately, wireless transmission 
links are noisy and highly unreliable. Path loss, 
term in al noise, fading, and interference may cause 
significant bit errors. Hence, to improve efficiency, 


Figure 8. Average access delay versus number offlows for multimedia traffic 
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Figure 9. Achievable throughput under different traffic load 



researchers could consider soft QoS approaches. 
Besides, whether retransmi s sion for a corrupted 
real-time packet is worthwhile is another prob¬ 
lem that needs further investigation. Second, the 
proposed admission control scheme mightrequire 
extensive computing if the number of real-time 
sources is large. This could be a serious problem 
for handoff or roaming mobile station. Finally, 
providing QoS in wireless ad hoc networks is 
another interesting task for future research due 
to node mobility, distributed channel access, and 
fading radio signal effects. 

CONCLUSION 

Currently, many wireless applications and devices 
are emerging, and this trend is expected to continue 
in the foreseeable future. Many problems remain, 
require further intensive investigation and need to 
be solved. So far ongoing efforts to provide perfect 


solutions have illustrated that attempts to solve all 
possible problems result in technologies that are 
far too complex, have poor scaling properties, or 
simply do not integrate well into the diversity of 
the Internet. In this chapter, we have proposed a 
strictly guaranteed QoS for CBR and VBR traffic 
in IEEE 802.1 le wireless LANs. The performance 
ofproposed scheme is analyzed and compared with 
original IEEE 802.lie protocol under standard 
MAC and physical layer parameters proposed 
by IEEE standard for wireless LANs. Through 
extensive simulations, important performance 
metrics such as average access delay, achievable 
throughput, dropping probability, and delay varia- 
tionperformance are thoroughly investigated. We 
have demonstrated a satisfactory performance of 
our proposed scheme in a quantitative way. The 
proposed scheme is significant in that it paves the 
way for providing hard QoS guaranteed service 
in the future wireless networks. 
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ABSTRACT 

The use of real-time delay-sensitive applications in wireless systems has significantly increased during 
the last years. Consequently, the demand to guarantee certain Quality of Service (QoS) is a challeng¬ 
ing issue for the system s designers. On the other hand, the use of multiple antennas has already been 
included in several commercial standards, where the multibeam opportunistic transmission beamforming 
strategies have been proposed to improve the performance of the wireless systems. A cross-layer based 
dynamically tuned queue length scheduler is presented in this chapter, for the Downlink of multiuser 
and multiantenna WLAN systems with heterogeneous traffic requirements. An opportunistic scheduling 
algorithm is applied, while users from higher priority traffic classes are prioritized. A trade-off between 
the throughput maximization of the system and the guarantee of the QoS requirements is obtained. 
Therefore the length of the queue is dynamically adjusted to select the appropriate conditions based on 
the operator requirements. 


INTRODUCTION 

The demand for using in-home Wireless Local 
Area Networks (WLANs) to support real-time 
delay-sensitive applications such as voice, video 
streaming or online-gaming has been remarkably 
growing during the last years. However, current 
IEEE 802.11 WLAN systems fail to fulfil the strict 
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Quality of Service (QoS) requirements in terms of 
maximum allowed delay and/or delay jitter for such 
applications. The factthatthe wireless environments 
are characterized by a harsh scenario for commu¬ 
nications adds certain difficulties to guarantee QoS 
in WLAN based systems, where the wireless chan¬ 
nel suffers from multiple undesired effects such as 
deep fades and multipath that produce errors to the 
original information. Therefore, providing QoS by 
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using the scarce resources in the home wireless 
medium is a challenging aspect for such system 
objective. 

Different notions ofQo S are available at differ¬ 
ent communication layers (Zorba & Perez-Neira, 
2007). At the physical layer, QoS means an accept¬ 
able signal strength level and/or Bit Error Rate at 
the receiver, while at the Data Link Control (DLC) 
or higher layers, Qo S is usually expressed in terms 
of minimum guaranteed throughput, maximum 
allowed delay and/or delay jitter. The fulfilment 
of QoS requirements depends on procedures that 
follow each layer. At the DLC layer, QoS guaran¬ 
tees can be provided by appropriate scheduling 
and resource allocation algorithms, while at the 
physical layer, adaptation of transmission power, 
modulation level or symbol rate are employed to 
maintain the link quality. 

The consideration of the physical layer trans¬ 
mission characteristics from the higher layers 
can significantly improve the efficiency of the 
wireless systems. The vertical coupling among 
layers is well-known as Cross-Layer (Shakkot- 
tai, Rappaport & Karlsson, 2003). Cross-layer 
between the physical layer and the higher layers 
seems to be unavoidable in wireless environments 
in order to exploit the physical layer instantaneous 
conditions. Such kind of schemes is needed to 
guarantee the QoS requirements in heterogeneous 
traffic systems, where the network includes us¬ 
ers with different applications and different QoS 
restrictions. Cross-Layer further advantages can 
include improvements in term s of link throughput, 
reduction of the network latency, energy savings 
in the mobile nodes or minimization of transmit¬ 
ted power (Shakkottai, Rappaport & Karlsson, 
2003). 

One of the system resources that can be em¬ 
ployed to improve the system performance in 
terms of both rate and QoS is the spatial resource. 
The Multiple-Input-Multiple-Output (MIMO) 
technology in multiuser scenarios shows very 
interesting results as several users can be simul¬ 
taneously serviced within the same frequency, 


time and code. Its employment has been already 
standardized in IEEE 802.1 In and IEEE 802.16e, 
while it is expected to be part of 4 th Generation 
Long Term Evolution (LTE) Standard. Among all 
the techniques within the MIMO technology, the 
Multibeam Opportunistic Beamforming (MOB) 
strategy has been suggested in (Sharif & Hassibi, 
2005) to boost the wireless link capabilities, show¬ 
ing high performance, low complexity design and 
only partial channel information is rpequired at 
the transmitter side. MOB can be operated and 
adopted to fulfil the QoS requirements demanded 
by the users for their correct operation (Zorba & 
Perez-Neira, 2007). 

An interesting remark concerning the QoS 
compliance in commercial wireless systems refers 
to the outage concept (Chalise & Czylwik, 2004), 
where due to the wireless channel characteristics, 
the 100% satisfaction of the strict QoS demands 
is impossible, for what is known as outage in the 
QoS requirements (Chalise & Czylwik, 2004). The 
notion of outage is widely used in cellular systems 
where several commercial systems (e.g. GSM 
and WCDMA) allow for 2-5% outage. Therefore, 
the extension of the QoS outage to WLAN based 
systems, when running delay-sensitive applica¬ 
tions, seems to be the most tractable approach to 
asset their efficiency. 

Taking into account the aforementioned con¬ 
cepts, the main contribution of this chapter is to 
propose a Dynamic Queue Length in the Data 
Link Control Layer, in order to guarantee certain 
QoS, in the Downli nk of multiuser and multian¬ 
tenna WLAN systems with heterogeneous traffic. 
Therefore, the proposed solution considers both the 
physical and application layers characteristics of 
the system. To be more precise, the length of the 
queue depends on the QoS systemrequirements, in 
terms of the system throughput and the maximum 
allowed delay (and jitter) of the delay-sensitive 
applications, where some outage is considered in 
the QoS requirements of these applications. 
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Chapter Organization 

As a summary, the contributions of this chapter 
are in the field of Dynamic queues management 
under QoS demands as follows 

• The paper tackles a multiantenna scenario 
and chooses the MOB scheme for its trans¬ 
mission strategy. 

• Through the use of the outage concept, 
this chapter is able to formalize the service 
distribution characteristics of the MOB 
scheme; allowing to obtain the minimum 
rate and maximum scheduling delay in 
closed form expressions. 

• An approach to obtain the opportunistic 
multiuser gain, while providing the sys¬ 
tem QoS constraints in terms of minimum 
guaranteed rate and maximum allowed de¬ 
lay, is presented. 

• This paper presents a Cross-Layer 
Dynamic queues management strategy, 
and studies its performance. A Cross-Layer 
design is required in order to consider the 
instantaneous channel conditions and QoS 
demands. 

The remainder of this chapter is organized as 
follows: while section II deals with the chapter 
background, the system model is presented in 
section III. Section IV makes a review of the 
MOB procedure and section V exposes the QoS 
performance under outage specifications to en¬ 
able the discussion about the Dynamic queues 
management in section VI. The numerical results 
and simulations are in section VII, followed by 
the future research directions and conclusions in 
sections VIII and IX, respectively. 

BACKGROUND 

With respect to the aforementioned concepts in 
a Downli nk system with heterogeneous traffic, 


several proposals in literature tackle the dynamic 
queue consideration, but with different obj ectives 
and requirements. 

The authors in (Zhao & Tong, 2000) propose 
a Media Access Control (MAC) protocol for a 
finite-user slotted channel with multipacket recep¬ 
tion (MPR) capability. By adaptively changing the 
size of the contention class (defined as a subset 
of users who can access the cha nn el at the same 
time) according to the traffic load and the cha nn el 
MPR capability. However, this protocol is dynamic 
in terms of traffic load queue and does not deal 
with the problem of having different users with 
different QoS demands. 

An admission control problem for a multi-class 
single-server queue is considered in (Ata, 2006). 
The system serves multiple demand streams, 
each having a rigid due-date lead time. To meet 
the due-date constraints, a system manager may 
reject orders when a backlog of work is judged 
to be excessive, thereby incurring lost revenues. 
Nevertheless, in this chapter, service classes are 
tumed-away based on pre-defined load (packets in 
the queue) thresholds and only the average mean 
delay is guaranteed. 

A dynamically queuing feature for service 
enhancement is proposed in (Choi, Igm, An & 
Nam, 1999), according to the increment of ser¬ 
vice subscribers and their mobility. In addition, it 
presents a dynamic queue manager that handles 
the queue size to increase call completion rates 
for service e nh ancements in wireless intelligent 
network environments. In spite of this, other QoS 
demands are not possible and the problem of hav¬ 
ing different users with different QoS demands 
is not dealt with. 

A Cross-layer resource allocation technique 
is proposed in (Xue, Nguyen & Nahrstedt, 2007) 
where the prioritization over the resources is given 
to the user with the best channel conditions. The 
presented technique accomplishes a joint flow 
control and active queue management solution, but 
there is not any consideration of the heterogeneity 
of the users and their QoS demands. 
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Various QoS requirements of bursty traffic 
and a dynamic priority queue with two types of 
traffic are proposed and analyzed in (Choi & Lee, 
2001). The system has two separate buffers to ac¬ 
commodate two types of customers, the capacities 
of the buffers being assumed to be finite. But the 
service order is only determined by the queue 
length of the first buffer, so that only average QoS 
demands can be satisfied. 

The scheduler gives some buffers and band¬ 
width to every priority class at every port in 
(Hahne & Choudhury, 2002). The scheme adapts 
to changes in traffic conditions, so that when the 
load changes the system goes through a transient. 
Therefore, each queue individually carries out its 
blocking process, which does not provide any tight 
control on the QoS demands. 


SYSTEM MODEL 

We focus on the single cell Downlink channel 
where N receivers, each one of them equipped 
with a single receiving antenna, are being served 
by a transmitter at the Base Station (B S) provided 
with n t transmitting antennas, and supposing that 
N is greater than n t . The considered scenario is 
actually a multiuser Multiple Input Single Output 
(MISO) but its results can be immediately applied 
to multiuser MIMO with any receiver processing. 
This scenario is considered for easiness, as the 
receiver processing is out of this chapter scope, 
and all the chapter’s objectives and conclusions 
are independent of the processing carried out at 
the receiver. The scenario is identified to be a 
heterogeneous scenario where users run any of 
the four different classes of applications. Class 1 
represents voice users (the most delay-sensitive 
application) and has the highest priority, while 
Class 4 is the lowest priority best-effort class. 

It is worth mentioning that the demand of real¬ 
time services, such as Voice over IP, for strict QoS 
delay demands, leads to the re-consideration of 


the ring scattering model (Pavon & Choi, 2003), 
which is widely used in the evaluation of WLAN 
systems with non-real time (e.g. data traffic) ap¬ 
plications. This is because the QoS requirements 
have to be satisfied in a tighter time scale, which 
requires for detailed models to account for the 
instantaneous channel random fluctuations. 

A wireless multiantenna channel h [lxj|] is 
considered between each of the users and the 
BS, where a quasi-static block fading model is 
assumed, whichkeeps constant through the coher¬ 
ence time, and independently changes between 
consecutive time intervals with independent and 
identically distributed (i.i.d.) complex Gaussian 
entries ~CV(0,1). Therefore, the channel for each 
user is assumed to be fixed within each fading block 
(i.e. scenario coherence time) and i.i.d from block 
to block, so that for the QoS objective, this model 
captures the instantaneous channel fluctuations in 
a better approach than the circular rings model. 
Let x(t) be the (n t xl) transmitted vector (as we 
are in a Downlink scenario), while denote yft) as 
the i th user received signal, given by 

y i (t) = h i (t)x(t) + Z .(t) (1) 

where z.(t) is an additive Gaussian complex noise 

componentwith zero mean and ^{| z ,| } = cL .The 
transmitted signal x(t) encloses the independent 
data symbols s ft) to all the selected users with 
£{|.v| } = l.Atotal transmitted power constraint 
P=1 is considered, and for ease of notation, time 
index is dropped whenever possible. 


MULTIBEAM OPPORTUNISTIC 
BEAMFORMING (MOB) 

One of the main transmission techniques in mul¬ 
tiuser multiantenna scenarios is the MOB scheme 
(Sharif & Hassibi, 2005), where random beams 
are generated at the BS to simultaneously serve 
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more than one user. The beam generation follows 
an orthogonal ma nn er to decrease the interfer¬ 
ence among the served users, where n t beams are 
generated. Within the acquisition step, a known 
training sequence is transmitted for all the users 
in the system. Therefore, each user sequentially 
calculates the Signal-to-Noise-Interference-Ratio 
(SNIR) related to each beam, and feeds back to 
the BS only the best SNIR value together with an 
integer number indicating the index of the selected 
beam. To increase the system throughput, the BS 
scheduler chooses the user with the highest SNIR 
value for each one of the beams, it enters the 
transmission stage and simultaneously trans mi ts 
to each one of the n t selected users, where no user 
can obtain more than one beam at a time. 

Since the users with the best channel condi¬ 
tions are selected for transmission, the scheduler 
is called Opportunistic Scheduler. Therefore, 
the low complexity MOB strategy achieves high 
throughput by spatial multiplexing the n t users 
with the best cha nn el conditions, making the 
transmitted signal to enclose the data symbols 
for the n t selected users as 



with b m as the unit-power beam assigned to the 
m ,h user, where the square root term is due to a 
total power constraint of P=l. 

This scheme is characterized by its SNIR term 
due to the interference that each beam generates to 
its non-intended users, representing a maj or draw¬ 
back of this system. Even though the beams are 
orthogonally generated, some of the orthogonality 
is lost due to the propagation channel (Sharif & 
Hassibi, 2005), stating the SNIR formulation for 
the i tk user through the m ,h beam as 


-kb I 

n 1 1 



with h as the unit-power beam assigned to the 
u ,h user, and where a uniform power allocation is 
considered. As the user with highest SNIR value 
is selected for each transmitting beam, then the 
average system throughput ofMOB canbe written 
(Sharif & Hassibi, 2005) as 

77/ = log, (1 + max AV/RjJ (4) 

where E{.} is the expectation operator to de¬ 
note the average value. Notice that the value of 

max SNIR. m reflects the serving SNIR (i.e. the 

SNIR that the selected user i receives when ser¬ 
viced through the m‘ h beam). 

The MOB scheme is shown to improve the sys¬ 
tem average throughput (Sharif & Hassibi, 2005), 
but the main target of this work is in providing a 
precise and guaranteed QoS control for all the us¬ 
ers, mainly in terms ofthe maximum allowed delay 
and minimum guaranteed throughput. It has to be 
noted that the mi nimum allowed rate, the maxi¬ 
mum allowed delay and the minimum guaranteed 
throughput stand as QoS realistic constraints for 
both real and non-real time applications, provid¬ 
ing the commercial operator with a wider view 
than the fairness concept, as the QoS is stated in 
terms of per user exact requirements. 

QoS SYSTEM PERFORMANCE 

Forthe consideration of any transmission scheme 
in commercial standards that run real-time appli¬ 
cations, the QoS of the users is a very important 
aspect that canbe characterized by several metrics 
or indicators based on the design objectives. So, 
QoS can be expressed in terms of rate, reflecting 
the minimum required rate per user, or in terms 
of delay, showing the maximum delay that a user 
can tolerate for its packets. This chapter considers 
both of the aforementioned QoS concepts, where 
the proposed transmission scheme guarantees a 
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minimum rate R per user, which is presented by 
a mi nimum SNIR restriction ( snir th ), through the 
classical relation (R = log 2 (l + snir ;j ) ), and 
delivered to it within a maximum tolerable time 
delay K. 

As this work deals with real-time applications 
in WLAN systems, then the QoS demands cannot 
be satisfied for the 100% of cases due to the chan¬ 
nel characteristics. Therefore, some outage £ in 
the QoS is accepted (Chalise & Czylwik, 2004). 
Similar situation currently happens in cellular sys¬ 
tems as GSM and UMTS, and expected in WLAN 
systems when running real-time applications. As 
an example, VoIP can accept erroneous packets 
up to 10" 3 of the total number of packets. 

The chapter defines two concepts for outage 
(Zorba & Perez-Neira, 2007): the scheduling 
delay outage and the rate outage. The first one is 
related to the opportunistic access policy and the 
time instant when the i' h user is provided service. 
The second one accounts for the received data rate 
once the i ,h user is selected for transmission, and 
whether its rate requirement is satisfied or not. 

Access Delay Outage 

In TDMA systems (e.g. GSM) each user knows, 
in advance, its exact access slot; but in an oppor¬ 
tunistic scheduler, as a continuous monitorization 
of the users ’ channel quality is performed to select 
the best ones in each slot, then the access to the 
wireless medium is not guaranteed. Therefore, 
the study of the access to the channel in the MOB 
scheme offers several challenges that must be 
solved in practical systems. 

This section calculates the maximum access 
delay from the time that a user’s packet is avail¬ 
able for transmission at the scheduler until the 
user is serviced through any of the n t beams of 
the BS. If an active user is in the system, but it is 
not scheduled within its maximum allowed delay 
(e.g. because its channel conditions are not good 
enough to be selected by the MOB scheduler), 


then that user is declared as being in access delay, 
with an outage probability £, aa . ess given by 

^ = 1 - V ( K ) ( 5 ) 

with V(K) as the probability that a maximum of K 
time slots are required to select a user i from a group 
of N i.i.d. users, where this probability follows a 
Geometric Distribution (Spiegel, 1992) as 


V(K) = 1 - (1 - P access f (6) 


Along this chapter, all the users are assumed 
to have the same average channel characteristics, 
and showing the same distribution for the maxi¬ 
mum SNIR value, so that each user has the same 
probability to be selected. If this is not the case 
(e.g. heterogeneous users distribution in the cell, 
with some users far from the BS), then a channel 
normalization (e.g. division by the path loss) can 
be accomplished for such a scenario. In the MOB 
scheme, each one of the N independent users at¬ 
tempts to be serviced by one of the n t generated 


beams with P access = —, therefore from previous 
equation, the maximum number of time slots K 
until the i th user is selected for transmission, with 
a probability of delay outage S, acceM , is given by 


K 1 °g 2 ( l -/) log 2 (CJ 

log 2 (1 - P m ) log 2 (1 - n t / N ) 

showing the effects of the number of active users 
N and the number of serving beams n t . 

Minimum Rate Outage 


If the BS scheduler selects a user for Downlink 
transmission, it means that he/she has the maxi¬ 
mum SNIR among the users for a specific beam. 
But the instantaneous channel conditions (i.e. 
the instantaneous SNIR) may correspond to a 
tran s mission rate that does not satisfy its current 
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application rate requirements (e.g. for aprede fined 
Packet Error Rate, the channel can only provide 
6 Mbps while the application asks for 24 Mbps). 
As a consequence, the user is unable to correctly 
decode the received packets during the current 
time unit and suffers a rate outage. 

Based on the MOB philosophy to deliver 
service to the users, the serving SNIR value is 
the maximum SNIR over the active users in the 
system, corresponding to each generated beam. 
Using the SNIR equation in (3), note that the nu¬ 
merator follows a Chi-square x, 2 (2) distribution 
while the interference terms in the denominator 
are modelled as 'x(2(n t — 1)), which allows to 
obtain the SNIR probability distribution function 
(pdf) as (Sharif & Hassibi, 2005; Zorba & Perez- 
Neira, 2007). 

/(*) = 7-7" ( n t° 2 (1 + x) + n t - l) (8) 

(! + *)' 

and the cumulative distribution function (cdf) is 
then formulated as 


F(x) = l — 



(9) 


and since the serving SNIR is the maximum over 
all the users’ SNIR values (i.e. the opportunistic 
philosophy), then it’s cdf is stated as 


(1 + snir th ) 


( 12 ) 


where the values ofsnir th and £, ra(e canbecomputed 
on the basis on any system objectives, under the 
number of users N. With further manipulations, 
the expression (12) can be re-formulated as 


logj 


log 2 (1 + snir th j = - 




(13) 


obtaining the minimum guaranteed-rate, and 
where 7 = log 2 (e) = 1.4427 is adopted. 

Eqn.(13) shows the rate limits of the system, 
indicating that high snir fh requirements induce 
high outage i, mte in the system. Negative values 
in the right hand term indicate infeasibility of the 
requested rate. We assume in this chapter that the 
min im um SNIR guarantees successful decoding 
of packets. Therefore, the following unit step 
function defines the Packet Success Rate (PSR) 
related to the snir th as 

I I if serving SNIR > snir h 

0 if serving SNIR < snir 

(14) 


FF{x) = {F{x)) n = 1 - 6 ( ' \ (10) 

Therefore the minimum required SNIR (snir th ) 
for each user is achieved with a probability U 
as 

U{snir th ) = 1 - 1- e ( ‘ h ' ^ (11) 

I (1 + snir h ) n ‘ I 

which relates to the predefined rate outage £, rate 
as 


where a direct relation to £ is obtained from 
Eqn.(12). 

Outage of the System 

As previously explained, the MOB scheme comes 
controlled by two different outage measures, but 
the total system performance has to be defined 
through a single parameter. Notice that the two 
discussed kinds of outage are totally independent, 
as the user’s access to the channel happens when 
its SNIR is the maximum over all the other users, 
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with respect to a given beam, but being the user 
with largest SNIR does not guarantee that this 
SNIR is larger than an application predefined 
threshold snir fh . Therefore, the total outage t, om 
is defined as 

(i5) 

standing as the global measure of system out¬ 
age. 

Maximum Scheduling Delay 


to select a user with a total outage £ is equal 
to the K access slots (7), defining the maximum 
allowed scheduling delay. 

As we consider the scheduling delay, both the 
buffer management and source statistics for arriv¬ 
ing packets are not addressed (Issariyakul & Hos- 
sain, 2006); and the queues stability target (Neely, 
Modiano & Rohrs, 2005) is neither considered. 
Therefore, we assume a saturated system and only 
consider the delay resulting from the scheduling 
process. The total delay (scheduling + queuing) 
will be tackled as a future work. 


In point to point scenarios, the queuing delay is 
the dominant factor in the system delay (Neely, 
Modiano & Rohrs, 2005) while in multiuser 
systems an additional delay factor is introduced, 
because the system resources are not all the time 
available to the same user. We name this additional 
delay factor as the scheduling delay in multiuser 
systems. In the round robin systems (e.g. TDMA) 
the user access to the channel is known in ad¬ 
vance, so that its scheduling delay can be easily 
calculated. However, in opportunistic multiuser 
systems where the users with the best channel 
conditions are selected for transmission based on 
their instantaneous SNIR, a user does not have 
any guarantee for being scheduled in a specific 
time, which increases its scheduling delay. 

In the context of this chapter, we define the 
m axi mum scheduling delay as the time period 
from the instant that a user’s packet is avail¬ 
able for transmission at the scheduler until the 
packet is correctly received at its destination. 
The difference with the access delay definition 
is the requirement of a rate threshold in order to 
guarantee the decoding without errors, as in Eqn. 
(14). Notice that this definition includes both the 
delay resulting from the scheduling process (i.e. 
the opportunistic selection) and the delay caused 
by the requirements to get a rate above to a mini¬ 
mum required threshold to be correctly received. 
Therefore, the maximum number of time slots 


Minimum Guaranteed Throughput 
per User and per Slot 

Obtaining the system throughput formulation is 
difficult as several processes are included in the 
communication procedure. Thereceiver decoding 
through the unit step function in Eqn. (14) simpli¬ 
fies the throughput formulation, as the effects of 
several steps in the communication process (e.g. 
coding) are avoided. 

In opportunistic multiuser scenarios, the user 
in not always served by the system, so that its 
throughput is zero for several time units. Therefore, 
a normalized minimum-guaranteed throughput per 
user over the time is required. Notice that such 
definition of throughput per user and per slot ac¬ 
counts for the user’s waiting time and hence, for 
its corresponding scheduling delay expression. 
Considering that the bandwidth of the system 
is B w , then the minimum-guaranteed throughput 
per user and per slot is denoted as T, in bits, and 
given as 


B„. log, (l-», /N) log. 


-err 


(16) 


where the expression in (13) is used to provide a 
closed form solution for the minimum-guaranteed 
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throughput per user, with all the operating vari¬ 
ables. Notice that by increasing the number of users 
N, the mi nimum guaranteed rate R goes up and as 
a consequence higher throughput is obtained. On 
the other hand, larger N induces larger schedul¬ 
ing delay, increasing in this way the value of K, 
that drives lower throughput values. This shows 
a tradeoff on the number of available users in the 
systems, motivating a control over the N value to 
achieve the system QoS requirements, as will be 
shown in the next section. 

Note thatthe minimum-guaranteed throughput 
is the worst case awarded throughput to the us¬ 
ers, but it actually defines the throughput value 
that an operator can guarantee to its customers, 
obviously, with a given outage ^ gut ; where the 
guaranteed throughput per user is different from 
the concept of average throughput in Eqn.(4), 
previously presented. Avery common example in 
commercial systems for average throughput and 
the minimum guaranteed throughput is seen in the 
ADSL service, where for example, an operator 
can provide its costumers 20Mbps (which is the 
value that appears in its advertisements), while the 
mi nimum guaranteed value for the user is 2Mbps 
(National regulatory telecommunication agencies 
often ask for a guaranteed value of at least 10% 
of the average value). 


DATA LINK CONTROL WITH 
DYNAMIC QUEUE LENGTH 

Two important aspects to achieve QoS for the ser¬ 
viced users are extracted from the analytical study 
in the previous section: the impact of the number 
of available users and their exact QoS demands. 
To control the different user requirements and 
their sensitivity to delay and rate, a control on the 
DLC queue length L is proposed in this chapter. 
The aim of this section is to provide a description 
of this proposal, performed through a cross-layer 
scheduling algorithm at the DLC layer of WLAN 


systems. The main idea of the proposed scheme 
is depicted in Ligure 1. It can be seen that each 
IP packet is stored at the corresponding priority 
queue in the IP layer, before moving down to the 
DLC layer queue. Users from higher priority IP 
queues are placed at the beginning of the DLC 
queue following by users with lower priorities 
traffic. 

At the Physical layer, the WLAN systems 
use different modulation levels, so that variable 
transmissionrates depending on the channel condi¬ 
tions (measured through the received SNIR) are 
obtained. The MOB scheme is applied to select 
the users with the best channel conditions per 
beam in order to maximize the system average 
throughput. 

Regarding the dynamic queue length mecha¬ 
nism, when the maximum allowed delay (or 
min im um allowed rate) in the delivery of the most 
delay sensitive application is smoothly satisfied, 
then the length of the queue can be increased so 
that more users can be placed in the DLC layer 
queue. As a consequence, the MOB scheduler 
can select the user per beam with the best channel 
conditions in a bigger pool of choices, increasing 
in this way the performance of the system in terms 
of the average throughput in Eqn. (4). On the other 
hand, when the maximum allowed delay require¬ 
ments are hardly satisfied, then the length of the 
DLC queue is decreased. Therefore, only packets 
form users within the higher priority classes can 
be available in the DLC layer queue, so that the 
MOB scheduler can only select, for each one of 
the beams, among these users. Likewise, the same 
procedure can be applied when the minimum 
guaranteed throughput per user is the considered 
QoS indicator. 

Note that the proposed dynamic adjustment in 
the size of the queue shows the tradeoff between 
the real-time users’ QoS demands and the system 
average throughput in the network, where the best 
operating point depends on the network operator 
requirements. It has to be noted that very delay 
sensitive applications are in general characterized 
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RANDOM 

PHYSICAL LAYER CHANNEL 



Figure 1. Dynamic queue length scheme 

APPLICATION 



by short packets lengths, such as VoIP, that do 
not extract all the benefit from the throughput of 
the system. To find the best operating point, the 
dynamic queue length L is maximized, subject 
to some system requirements in terms of the 
users’ QoS demands. Taking into consideration 
the existence of outage in the QoS satisfaction, a 
proposed optimization procedure for the system 
performance can be stated as 

max L 

s.t. t Prob{SNIR. < snir h } < ^ Mi G L 

s.t. 2 Prob{D max <K]<i delay Mi£L 

s.t. 3 Prob{T. > 7\ } > 1 - i out Mi G L (17) 

where D is the maximum allowed delay and 
Tmin is the mi nimum required throughput per 
user and per slot. It is has to be noted that the 
previous scheme presents the dynamic queue 
length adjustmenttogether with the QoS concepts 
(minimum allowed rate, maximum allowed delay 
and minimum guaranteed throughput), where the 
operator can choose among the QoS demands for 
the most appropriate ones for each scenario. 


PERFORMANCE EVALUATION 

To evaluate the performance of the proposed dy¬ 
namic DLC queue mechanism, an heterogeneous 
scenario is set up where users with four types of 
applications coexist in the system. Two transmit¬ 
ting antennas nt=2 are available, so that two beams 
are generated and two users in the Downlink can 
be simultaneously serviced through the same 
frequency, code and time. A total of N=20 users 
are available in the scenario with 5 users for each 
service traffic class. The length of the packets for 
the classes 1, 2, 3 and 4 are 100, 512, 1024 and 
2312 bytes respectively. Class 1 has the highest 
priority, while class 4 is the lowest priority class. 
A saturated system is considered, where all users 
have at least one packet available for transmission. 
A total system bandwidth of 10 MHz and a slot 
service time of 1 ms are assumed in the simula¬ 
tions. An Indoor complex i.i.d. Gaussian chan¬ 
nel with ~CN(0, 1) entries is considered. A time 
scale of 10 6 channel visualizations is employed 
to display the channel continuous variations. 
Results for an opportunistic scheduler that only 
transmits to a single user (Knopp & Humblet, 
1995) are also shown in the figures to realize the 
benefits of MIMO from a higher layers perspec¬ 
tive. Obviously, the same total power constraint 
is imposed on both systems in order to have a fair 
comparison. Table 1 shows how the SNIR values 
for IEEE 802.11 legacy systems are mapped to the 
transmission rate per beam, as stated in (Pubill & 
Perez-Neira, 2006). 
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Table 1. SNIR values mapping to rate 


Rate (Mbps) 


6 

9 

12 


24 

36 


54 


SNIR value (dB) 


-8 to 12.5 

12.5 to 14 
14 to 16.5 

16.5 to 19 
19 to 22.5 

22.5 to 26 
26 to 28 

>28 


The efficiency of our dynamic queue length 
scheme is compared with a Round Robin based 
scheme (Fu & Kim, 2006) where the cha nn el 
conditions are not taken into consideration in 
the scheduling process, and the users access to 
the channel are guaranteed at fixed intervals. 
This technique is implemented in TDMA-based 
systems and it has been proved to provide the 
lowest possible scheduling delay, but the obtained 
throughput is very low as the cha nn el condi¬ 
tions are not regarded in the scheduling process. 
Moreover, it can not be combined with the MIMO 
Multiuser capability, since the latter needs for the 
users’ selection principle to choose n t users that 
show the least interference among themselves 
(Sharif & Hassibi, 2005). 

In Figure 2, the percentage of the outage in 
the maximum delay satisfaction for Class 1 us¬ 
ers versus the length of the queue is presented. A 
maximum allowed delay of 20ms is assumed for 
the class 1 users. It can be seen from Figure 2 that 
when the length of the queue is L=5 (so that only 
users of the class 1 exist in the DLC queue), the 
maximum allowed delay is guaranteed for almost 
100% of the cases (with an outage of 0.049%). 
Notice that increasing the queue length to 20, so 
that all users are eligible to be selected, the outage 
reaches a value of 12%. The single user service 
(indicated as' 'no-MIMO” in the figures) provides 
an outage value of 2% for a DLC queue length 


of 5 and when the DLC queue length is 20, the 
outage value boosts to 36%, which is an unac¬ 
ceptable value for any communications system. 
The results show the great benefit of providing 
QoS delay guarantees with the MOB technique 
as the users are provided service more frequently, 
thus the probability to violate the maximum 
delay restriction is lower. Note the exact match 
between the theory and the simulations results, as 
approximations were not employed in the equa¬ 
tions derivation. From Figure 2 we can also see 
that in a scenario of 20 users with a maximum of 
20 ms maximum allowed delay (remind that the 
service slot time is 1 ms), then all users are serviced 
through the Round Robin strategy, delivering a 
0% in the outage delay. 

From Figure 2 we saw that increasing the 
DLC queue length increases the outage probabil¬ 
ity which is harmful for the performance of the 
system. On the other hand, in order to increase 
the system average throughput a longer length of 
the DLC queue is required, so that more users are 
eligible for scheduling selection in the system. 
This means that class 1 users have lower chance 
to be serviced by the BS scheduler, which has a 
direct impact on the time delivery of their packets. 
Figure 3 shows the performance of the average 
throughput (from Eqn.(4)) for a variable DLC 
queue length, where as expected, increasing the 
queue length (i.e. the number of available users 
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Figure 2. Outage probability (%) in the maximum delay satisfaction for Class 1 users, with a maximum 
allowed delay threshold=20ms 



for scheduling), the average throughput values go 
up due to the opportunistic way of user/s selec¬ 
tion in both of MOB and single user selection in 
(Knopp & Humblet, 1995). Once again, it can 
be seen the exact match between simulations 
and the theoretical analysis. Notice the deficient 
performance of the round robin strategy, as the 
scheduler does not tackle the cha nn el conditions, 
thus delivering very low system throughput per¬ 
formance, which handicaps its implementation in 
current broadband wireless systems, even of its 
outstanding delay performance. 

The figure shows how the gap between the 
two schedulers enlarges as the DLC queue length 
increases, which is motivated by the MOB per¬ 
formance, where a larger number of users enables 
a better search for a set of users (2 users in our 
simulations) that do not interfere between them a 
lot (i.e. better SNIR value). Also realize that the 
average throughput gain of MOB is not as amazing 
as the MOB gain in the outage of the QoS satisfac¬ 
tion, as seen in Figure 2. The explanation for this 


matter is due to the MOB technique where more 
users can be serviced (2 users in our study case), 
so that the users have almost twice the probability 
to be serviced in comparison with the single user 
scheduling approach in (Knopp & Humblet, 1995). 
But on the other hand, the throughput average 
gain is not twice due to the interference that the 
users generate between them. Therefore, we can 
claim that MOB scheme is more suitable for QoS 
demands than average throughput performance. 
This conclusion have not been stated previously 
in the literature (up to the authors’ knowledge), 
where this result is very interesting for the imple¬ 
mentation of MOB (and most probably, for any 
other MIMO multiuser technique). 

FUTURE RESEARCH DIRECTIONS 

This work developed a QoS optimization over 
the system metrics to guarantee the QoS for the 
users, but as a future work, a joint optimization 
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Figure 3. System average throughput for a variable DLC queue length 



over the QoS metrics is also required to avoid any 
controversial results among them. Moreover, as all 
current broadband wireless systems are based on 
the OFDM Access (OFDMA) scheme, a resource 
management based on the subcarriers allocation is 
also required to align with current standards. 

Another future work is related to the Hour- 
Aware Resource Management (HA-RMM). As it 
is defined in the literature, applications running 
over the different hours have different Qo S require¬ 
ments (e.g. during the night background traffic is 
the dominant one while during the morning, real 
time traffic is needed; where each application has 
its own QoS demands). Therefore, a smartresource 
management strategy over the different day hours 
is required to achieve a further optimization of the 
system resources. 

CONCLUSION 

A dynamic queue length scheduling has been 
presented in this workfor Downlinkmultiuser and 


multiantenna WLAN systems with heterogeneous 
traffic. In the considered system, the users with 
the best channel conditions are selected for trans¬ 
mission. Through the MOB scheme, the length 
of the queue defines the maximum achievable 
average throughput of the system. On the other 
hand, the QoS requirements of the delay sensi¬ 
tive applications are guaranteed with short DLC 
queue lengths. A tradeoff appears between the 
system average throughput and the QoS demands 
of the users. 

The chapter proposed a dynamic DLC queue 
length control, so that the maximum length is 
allowed to obtain the highest average system 
throughput, but restricted to the satisfaction of the 
users QoS. Several alternative QoS measures are 
presented along the chapter and in closed form 
expressions, so that the wireless operator can 
choose among them for the most suitable ones 
for each scenario and QoS requirements. 

Besides the dynamic queue proposal, another 
important outcome of this chapter is on how ap¬ 
plications and link layers (or in general higher 
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layers) take profit of the advances introduced by 
multiple antennas and signal processing tech¬ 
niques in the physical layer. A challenge faced by 
this chapter is on how to deal with several aspects 
from the different layers of the communication 
process, so that we tried to make the physical layer 
concepts to be clear for high layers researchers, 
and viceversa. 
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ABSTRACT 

The predictability of network traffic is an important and widely studied topic because it can lead to the 
solutions to get more efficient dynamic bandwidth allocation, admission control, congestion control and 
better performance of wireless networks. In this chapter, firstly, the authors briefly describe a number of 
traffic models that include time series models, artificial neural networks models, wavelet-based models, 
and support vector machine-based models. Secondly, they give the prediction method and metrics of 
measuring the accuracy of a prediction. Finally, they examine the feasibility of applying support vec¬ 
tor machine into the prediction of actual traffic in WLANs and evaluate the performance of different 
prediction models such as ARIMA, FARIMA, and artificial neural network, wavelet-based and support 
vector machine-based models for the prediction of the real WLANs traffic. 


INTRODUCTION 

The predictability of network traffic is of sig¬ 
nificant interest in many areas including network 
design, management, control, and optimization 
(Stemm & Seshan & Katz, 2000; Kim & Noble, 
2001). Prediction on long time scale is the base of 
long-term planning of Internet topology (Ostring, 
2000; Shah, 2003). Prediction on short time scale 
is necessary for congestion control, admission 
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control, bandwidth allocation and buffer manage¬ 
ment (Yi, 2004; Qiu, 2004; Chisci, 2006). The goal 
is to forecast future traffic variations as precisely 
as possible based on the measurements of the traf¬ 
fic history. An accurate traffic prediction model 
should have the ability to capture the prominent 
traffic characteristics. Therefore, highly accurate 
traffic prediction can help to make the maximum 
usage of bandwidth while guaranteeing the quality 
of service (QoS) for real-time applications which 
have stringent requirements on delay or packet rate 
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loss. An accurate traffic prediction is, therefore, 
critical in preventive control scheme in order to 
utilize its resources efficiently. 

The widespread deployment of IEEE 802.11 
wireless local area networks (WLANs) as a funda¬ 
mental approach for enabling ubiquitous wireless 
networking is mainly due to their easy installation, 
flexibility and robustness against failures. WLANs 
traffic prediction plays a fundamental role in the 
design and analysis of WLANs (Papadopouli, 
Shen, Rafitopoulos, Ploumidis & Campos, 2005). 
For example, the bandwidth utilization at an ac¬ 
cess point (AP) can affect the performance of the 
wireless clients in terms of throughput, delay, 
and energy consumption. The traffic prediction 
can help the AP to perform better load balanc¬ 
ing, admission control, and QoS provisioning. 
Specifically, an AP can use the expected traffic 
estimations to decide whether to accept a new 
association request or advise a client to associ¬ 
ate with a neighboring AP. Thus, it can improve 
wireless network throughput and ensure the QoS 
requirements from different traffic types. 

Recently, there has been a significant change in 
the understanding of network traffic. Anumber of 
studies of traffic measurements in wired and wire¬ 
less networks have convincingly demonstrated that 
the Internet traffic is self-similar or long-range 
dependent (LRD) in nature (Park & Willinger, 
2000; Jiang, Nikolic, Hardy & Trajkovic, 2001). 
It implies the existence of concentrated periods 
of low activity and high activity (i.e., burstiness) 
at a wide range of time scales. Self-similarity 
traffic cannot be captured by classical models. 
Predicting the future traffic from the past observa¬ 
tions is an important way to obtain traffic control 
under self-similar traffic loads. Under the long- 
range dependent network traffic and with their 
slow convergence properties, it becomes more 
difficult to design rigorously effective predic¬ 
tors with desirable properties. Effective optimal 
prediction remains a technical challenge (Beran, 
1994). Hence the new fundamental problem in the 
network traffic prediction is to find efficient self¬ 


similar models to predict future traffic variations 
precisely and produce good predictability. 

BACKGROUND 

In the past several decades, many models have 
been proposed for the prediction oftraffic in wired 
networks. In the earliest work, some researchers 
have proposed autoregressive moving average 
(ARMA) and autoregressive integrated moving 
average (ARIMA) models to predict network traf¬ 
fic (Sang & Li, 2002; Adas, 1997; Krithikaivasan, 
Dekal & Medhi, 2004). All these models are 
linear time series models that can capture short- 
range dependence. Although ARIMA models are 
proved to be quite powerful to model a class of 
non-stationary data traffic, it can’t capture long- 
range dependent characteristics. 

Currently, self-similarity and LRD features 
have been observed in the Internet traffic over the 
wired and wireless networks. Traditional linear 
time series models cannot explain and capture 
self-similarity and LRD features of the traffic. To 
deal with the self-similar nature of the network 
traffic, some researchers (Shu, Jin, & Zhang, 1999; 
Corradi, Garroppo, Giordano, & Pagano, 2001) 
have proposed using fractional autoregressive 
integrated moving average (FARIMA) to model 
and predict the traffic in the networks. Since FA¬ 
RIMA is a self-similar model with the capability 
to capture both the short-range dependent (SRD) 
and LRD characteristics, the FARIMAmodel has 
shown its prediction ability in admission control 
and dynamic bandwidth allocation (Shu, Jin, Wang 
& Yang, 2000; Sadek, Khotanzad & Chen, 2003). 
Another non-stationary and non-linear threshold 
autoregressive (TAR) model has also been intro¬ 
duced to model and predict network traffic (You & 
Chandra, 1999). TheTARmodelis also non-linear 
and behaves as long memory. It can capture self¬ 
similarity and LRD well. Both FARIMA and TAR 
models do improve the performance of prediction 
for self-similar time series with the cost of com- 
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putational complexity. Recently, a related model 
combining ARIMA with generalized autoregres¬ 
sive conditional heteroscedasticity (GARCH) has 
been proposed to provide even better prediction 
performance (Zhou, He & Sun, 2006). 

The above mentioned models can capture the 
self-similarity (mono-fractal) and LRD features, 
which have been found in the network traffic 
in large time scale. But they cannot capture the 
multi-fractal in small time scale. For this reason, 
another multi-fractal wavelet model (MWM) has 
been introduced to address the issue (Feldmann, 
Gilbert & Willinger, 1998). The general predic¬ 
tion model combined with wavelet theory has 
also been proposed to predict the network traffic 
(Papagiannaki, Taft, Zhang & Diot, 2003; Qiao, 
Skicewicz & Dinda, 2004). 

Meanwhile, lots of researches have also tried 
to apply artificial neural network (ANN) to im¬ 
prove the traffic prediction accuracy. ANN is a 
non-linear, non-parametric and data driven mod¬ 
eling approach. It allows one to fully utilize the 
available information to determine the structure 
and parameters of a model without any restrictive 
parametric modeling assumptions. An approach 
using ANN (Tarraf, Habib, Saadawi & Ahmed, 
1993) has been proposed to characterize and pre¬ 
dict multimedia traffic in ATM networks. Chang 
and Hu have suggested employ a pipelined recur¬ 
rent neural network (PRNN) model to produce an 
adaptive traffic prediction of MPEG video traffic 
via dynamic ATM networks (Chang & Hu, 1997). 
Bhattacharya, et al. have provided a recurrent 
neural networks (RNN) model to develop MPEG- 
coded real-time video traffic predictors for use in 
one-step and multi-step prediction (Bhattacharya, 
Parlos & Atiya, 2003). ANN has been proved to 
capture any kind of relationship between the output 
and the input theoretically (Khotanzad & Sadek, 
2003). However, it might suffer from over-fitting 
(Doulamis, Doulamis & Kollias, 2003). 

Support vector machine (SVM) is a new and 
valid machine-learning algorithm with many 
advantages that has been put forward by Vapnik 


(Vapnik, 1995). Its architecture does not have to 
be determined beforehand. And the input data of 
any arbitrary dimension can be treated with only 
a linear cost at the number of inputs. Moreover, 
the training is able to produce a unique solution. 
SVM has been well used for pattern recognition 
(Schmidt, 1996), regression estimation, and pre¬ 
diction, etc. (Liang & Du, 2007; Li, Zhu, Cao, 
Sheng & Hu, 2008; Sakiyama, Yuki & Moriya et 
al. 2008). It has been proved that it is a success¬ 
ful approach used in regression and time series 
prediction. 

The use of SVM for classification has been 
relatively more popular in networking research, 
especially, in the context of anomaly and intrusion 
detection (Haffher, Tur & Wright, 2003; Sung & 
Mukkamala, 2003; Khan, Awad & Thuraisingham, 
2007). Thebandwidthreservationalgorithmbased 
on SVM has been used to predict the moving di¬ 
rection of a mobile host by retrieving the records 
kept in the base station (Huang, Lai, Luo & Yan, 
2005.). Beverly et al. (2006) has used the SVM 
to predict the round-trip latency to an unknown IP 
address based on the latency knowledge of other 
previously contacted IP addresses. Mirza et al. 
(2007) have proposed to explore a combination 
of queueing delays and available bandwidth for 
a TCP throughput prediction based on the SVM 
model. The authors (Bermolen & Rossi, 2008) 
have explored to use SVM for the purpose of 
traffic load forecast. 

While there is a rich literature traffic prediction 
in wired networks, there are only a few studies 
of wireless traffic prediction. Liang (2002) has 
applied a fuzzy logic model to forecast the traffic 
in ad hoc wireless networks. And the simulation 
results have shown that the proposed model can 
perform much better than a least mean square 
(LMS) adaptive filter. The researchers (Papado- 
pouli, Shen, Raftopoulos, Ploumidis & Campos, 
2005) have studied the ARIMA models based 
traffic forecasting at each wireless access point 
in a long timescale (hourly timescale). The re¬ 
searchers (Ghaderi, Capka & Boutaba, 2003)have 
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investigated the application of traffic prediction 
to address the admission control issue in wireless 
mobile Internet. The authors (Feng, Shu, Wang 
& Ma, 2006) have examined the feasibility of 
applying S VM to perform one-step-ahead predic¬ 
tion and multi-step-ahead prediction without any 
assumption on the statistical property of actual 
WLANs traffic. They have also evaluated the 
performance of different prediction models such as 
ARIMA, FARIMA, neural network, and wavelet- 
based models using three types of real WLANs 
traffic. The wireless network traffic for short time 
step has also been modeled as the time series and 
future values of time series can be predicted by 
radial basis function network, echo state network 
(ESN) and FARIMA models (Gowrishankar & 
Satyanarayana, 2008). 

TRAFFIC PREDICTION MODELS 

In this section, a brief introduction on the general 
network traffic prediction models will be pre¬ 
sented, including time series models, artificial 
neural network models, wavelet-based models, 
and support vector machine-based models, etc. 

Time Series Models 

AR Model 

Autoregressive (AR) model is widely used sto¬ 
chastic model that is extremely useful in the rep¬ 
resentation of certain practically occurring series 
(Box, Jenkins& Reinsel, 1994). By this model, the 
current value of the process is expressed as a finite, 
linear of previous values and a white noise series 
{« } with zero mean and variance a 2 • Denote 
the values of a process at equally spaced times 
t.t — \,t — 2.... by x t ’ x t-v x t ~ 2 ’----, then the AR 
model of order P can be shown in Eq. 1. 

X t = (jjjJP j + 4> 2 * t _2 H-b 4> X t - + a , (1) 


where . c)> 2 ..... o are autoregressive coefficients 
of AR model, P is the order of AR model. 

By employing the backshift operator B that 
defines A j = Sx, and hence v = B m x n equa¬ 
tion (1) can be written in the form: 

c()(R)x ( = a t (2) 

where, 

ip(5) = 1 — ^5 — ip 2 5 2 — ... — tp^5 p (3) 

The parameters 4>. should be calculated for 
the prediction. There are two methods for the 
calculation. One is the least squares estimation 
while another is the maximum likelihood estima¬ 
tion (MLE). 

MA Model 

Another kind of model of great practical impor¬ 
tance in the representationofobserved time-series 
is the finite moving average (MA) process. The 
MA model of order q is defined as 

x t = ci t — 0j a tl — 0 2 a r _ 2 - ®q a t- q (4) 

A similar application of the backshift operator 
on the white noise series would allow equation 
(4) to be written as: 

x, = 0(8)a (5) 

where 0(5) = 1 - 0,8 - 0 2 S 2 -... - 0 ? 8 ? . 

ARMA Model 

To achieve greater flexibility in fitting of actual 
time-series, it is advantageous to include both 
autoregressive and moving average model. It 
leads to the mixed autoregressive-moving aver¬ 
age (ARMA) model 
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X ( = (j)jJC t l + §2 X t-2 ^-1" §p X t-p + a t — — ®2 a t-2 -0 fl 

( 6 ) 

or 

c \>{B)x t = 0(5)a, (7) 

where, v, and 0 are the autoregressive and mov¬ 
ing average parameters, respectively. And in this 
case, it is an ARMA (p, q) model. In practice, it 
is frequently true that adequate representation 
of actual occurring stationary time series can be 
obtained with autoregressive, moving average, or 
mixed models, in which p and q are less than 
or equal to 2. 

ARIMA Model 

The time series defined previously are stationary 
processes. It implies that the mean value of the 
series of any of these processes and the covari¬ 
ances among its observations do not change with 
time. A generalization of ARMA models, named 
autoregressive integrated moving average model 
(ARIMA), which incorporates a wide class of 
non-stationary time-series, can be obtained by 
introducing the differencing into the model. 
ARIMA time series models form a general class 
of linear models that are widely used in modeling 
and forecasting time series. 

Let V = 1 — B be the differencing operator, 
a differenced time series of order 1 can be writ¬ 
ten as: 

Vx, = x t — x t] = (1 — B)x t (8) 

Consequently, an order d differenced time 
series is written as 

W d x t =(l-B) d x t (9) 

where V d = (1 — B'f is defined by means of 
binomial expansion, 


(*-*)' = Eh H 1 )* (‘0) 

An ARIMA (/?. d. q) process is a stochastic 
time-series process where d is the degree of dif¬ 
ferencing, p is the autoregressive order, and q 
is the moving average order. All three parameters 
are non-negative integers. Then the ARIMA 
(p, d, q) process can be described by the follow¬ 
ing relationship: 

c \>(B)V d x t = 0(5)a, (11) 

where 

4>(5) = 1 - cj),5 - c \> 2 B 2 -... - c \> p B p (12) 

0(5) = 1-0,5 -0 2 5 2 -...-0 5 ? (13) 

When d = 0, we have the usual ARMAmodel, 
that is ARlMA(p, 0, q) =ARMA(/>, q). 

Generally, construction of an ARIMA predic¬ 
tion model entails four steps: 

• Step 1: Model identification. 1) To detect 
the time series is stationary. If it is not, it 
involves a determination of the degree of 
differencing d needed to ensure stationar- 
ity; 2) To identify the order p of the AR 
aspect of the time series model; 3) To iden¬ 
tify the order q of the MA aspect of the 
model. 

• Step 2: Model parameters estimation. 

The main approaches to fitting ARIMA 
model are non-linear least squares and 
maximum likelihood estimation. Maximum 
likelihood estimation is generally the pre¬ 
ferred technique (Box, Jenkins & Reinsel, 
1994). 

• Step 3: Model validation (or diagnos¬ 
tics). It involves the ex ami nation of diag¬ 
nostic statistics that measure goodness-of- 
fit of the data to the model and the asasses 
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of the extent to which the data conform to 
the necessary statistical assumptions. 

• Step 4: Prediction. The best model select¬ 
ed is used for prediction. 

FARIMA Model 

Fractionally integrated ARMA (FARIMA) model 
has been introduced independently by Granger 
and Joyeux (1980) and Flosking (1981) in order 
to model processes with long-range dependence. 
FARIMA {p, d,q ) is the natural extension of the 
ARIAM model when the degree of differenc¬ 
ing d is allowed to real values. The time series 
{x } is a stationary invertible FARIMA (p, d, q) 
process, if 

cj>(5)V d x, = 0(5)fl ( (14) 

where d is a real number, d € (—0.5,0.5), 
cj>(5) and 0(B) are stationary AR and invertible 
MA polynomials. The parameter d can be cal¬ 
culated by d = H — 1/2, where H is the Hurst 
parameter. 

Let {x } be the causal invertible FARIMA 
(p, d, q) process, we can write 

*, = X>/W (15) 

and 

= ( 16 ) 
where ^ ^>.B J = 0(S)4> _1 (S)(1 — 5)~ rf and 

f2^jB j =m<\>~\m-B) d - 

Denote x t+h as the best I i near predictor of x ( h 
in terms of x l , x 2 ,.. ., x ( , which is also called the h- 
step-ahead prediction of x t .From the theorems on 


linear prediction (11), the A-stcp-ahcad prediction 
x t+h of a FARIMA process is 

= E v A+h-j ( 1? ) 

We can obtain their minimum mean square 
error of the A-stcp-ahcad prediction 

= E A +h - K + h ) 2 = ct2 E A ( 18 ) 

]=0 

GARCH Model 

If an autoregressive moving average model 
(ARMA model) is assumed for the error vari¬ 
ance, the model is a generalized autoregressive 
conditional heteroskedasticity (GARCH) model 
(Bollerslev, 1986). The GARCH (p, q) model, 
where p is the order of autoregressive terms and 
q is the order of moving average, is defined by 

x t = zp t (19) 

where { z t } are independent and identically dis¬ 
tributed standard normal random variables, i.e. 

z ~iidN( 0,1) 

The conditional variance can be expressed 
as 

o] = « 0 + E a i x i-t + E ^ A i ( 20 ) 

where a Q > 0, a .> 0, (3. > 0 and 

When P, = 0, i = 1,2,..., p s the above model 
reduces to ARCH(<y) which was proposed by 
Engle (1982). 

The general scheme to obtain the proposed 
GARCH model is as follows: 
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• Step 1: A general GARCH formulation is 
selected to model time series. This selec¬ 
tion can be carried out by careful inspec¬ 
tion of the main characteristics of the time 
series. 

• Step 2: A model is identified for the ob¬ 
served data. Firstly, the observation of the 
autocorrelation and partial autocorrelation 
plots of the time series can help to make 
this selection. Secondly, the same observa¬ 
tion of the residuals obtained in Step 3 can 
refine the structure of the functions in the 
model. 

• Step 3: The model parameters are estimat¬ 
ed. The maximal likelihood method will 
be used for estimating the parameters in 
GARCH (p, q). 

• Step 4: A diagnosis check is needed to val¬ 
idate the model assumption of the GARCH 
model. To validate the assumptions of the 
GARCH model selection is a careful in¬ 
spection of the ACF and PACF plots of the 
residuals. If the hypotheses of the model 
are validated, go to Step 5, otherwise go to 
Step 1 to refine the model. 

• Step 5: The model can be used for 
prediction. 

Artificial Neural Network Models 

An ANN model is a model whose architecture 
essentially mimics the learning capability of the 
human brain. The processing elements of an ANN 
resemble the biological structure of neurons and 
the internal operation of a human brain. ANN 
is a non-linear, non-parametric and data driven 
modeling approach. It allows one to fully uti¬ 
lize the available information to determine the 
structure and parameters of a model without any 
restrictive parametric modeling assumptions. 
Artificial neural networks are important alterna¬ 
tives to the traditional methods of data analysis 
and modeling. 


There are different types of neural networks, 
which can be distinguished on the basis of their 
structure and directions of information flow. 
Each kind of neural network has its own method 
of training. Generally, neural networks could be 
differentiated as follows. 

Multi-Layer Feed-Forward 
Neural Networks 

Amulti-layerfeed-forwardneuralnetwork(FNN) 
is an artificial neural network where connections 
between the units do not form a directed cycle. In 
this network, the information moves in only one 
direction, forward, from the input nodes, through 
the hidden nodes, if any, and to the output nodes. 
There are no cycles or loops in the network. Each of 
input layer or output layer contains m input nodes 
or n output nodes such that each unit corresponds 
to a particular input or output variable. In the hid¬ 
den layer, there are q hidden nodes connected to 
all input and output nodes. The strengths of such 
connections are labeled by unknown parameters 
known as the network connection weights. Figure 
1 illustrates the architecture of a 3-layer feed¬ 
forward network. 

The training of a multi-layer feed-forward 
neural network is usually accomplished by a 
back-propagation algorithm (BP) (Werbos, 1974; 
Rumelhart et al., 1986). When each entry of the 
sample set is presented to the network, the network 
examines its output response to the sample input 
pattern. The output response is then compared to 
the known and desired output and the error value 
will be calculated. Based on the error, the con¬ 
nection weights will be adjusted. The set of these 
sample patterns are repeatedly presented to the 
network until the error value is minimized. 

Another popular multi-layer feed-forward net¬ 
work is the radial-basis function (RBF) network 
which has been introduced into the neural network 
literature by Broomhead & Lowe (1988), and its 
structure is shown in Figure 2. 
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Figure 1. A Feed-forward network 



The radial basis function as implemented has a 
single hidden layer of units which can use one of 
three basis functions: Gaussian, thin plate spline, 
or multi-quadratic. 

RBF networks differ from multi-layer feed¬ 
forward neural network with the back-propagation 
learning algorithm in some fundamental respects 
(Haykin, 2001): 


RBF networks are local approximations, 
whereas back-propagation FNN are global 
approximators. 

RBF networks have a single hidden layer, 
whereas back-propagation FNN can have 
any number of hidden layers. 

The activation function of the hidden layer 
in a RBF network computes the Euclidean 


Figure 2. A radial-basis function network 
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distance between the input signal vec¬ 
tor and parameter vector of the network, 
whereas the activation function of a back- 
propagation FNN computes the inner prod¬ 
uct between the input signal vector and the 
pertinent synaptic weight vector. 

• The adjustment of the output layer is sim¬ 
ple and RBF has a guaranteed learning 
procedure for convergence. Flowever, in 
back-propagation FNN, the parameters of 
transfer functions both in hidden and out¬ 
put layers should be adjusted by using the 
Sigmoid transfer functions and generally it 
is time-consuming (Akhlaghi & Kompany- 
Zareh, 2005). 

Recurrent Neural Network 

A recurrent neural network (RNN) is a class of 
neural network where connections between units 
form a directed cycle. This creates an internal 
state of the network which allows it to exhibit 
dynamic temporal behavior. There are many types 
of formal RNN models. The structure proposed 
by Elman (1990) is an illustration of this kind of 
architecture. Figure 3 illustrates the architecture 
of an Elman recurrent neural network. An Elman 
network structure is composed with an input layer, 
a hidden layer, a context layer and an output layer. 
The input and output units interact with the out¬ 
side environment, while the hidden and context 
units do not. Figure shows the architecture of 
an Elman RNN. The nodes in the context layer 
(context neurons) hold a copy of the output of the 
hidden nodes. The output of each hidden node is 
copied into a specific node in the context layer. 
The value of the context neuron is used as an ex¬ 
tra input signal for all the neurons in the hidden 
layer one time step later. Therefore, the Elman 
network has an explicit memory of one time lag 
(Elman, 1990). 

The feed-forward back-propagation algorithm 
cannot be directly transferred to RNN, because 
the back-propagation pass presupposes that the 


connections between the units induce a cycle-free 
ordering. The RNN is trained by an algorithm 
based on a gradient such as back-propagation 
through time (BPTT) algorithm. More details 
about the BPTT networks and training algorithms 
can be found in (Werbos, 1990; Ahmad & Abdul 
Manan Ahmad, 2004). 

The general procedures for developing the 
artificial neural network model are as follows 
(Su, Tong & Leou, 1997): 

• Step 1 : Normalize the learning set. 

• Step 2: Decide the architecture and param¬ 
eters: i.e., learning rate, momentum, and 
architecture. 

• Step 3: Initialize all weights randomly. 

• Step 4: Training. The stopping criterion is 
either the number of iterations reached or 
when the total sum of squares of error is 
lower than a pre-determined value. 

• Step 5: Choose the network with the mini¬ 
mum error. 

• Step 6: The best network is used for 
prediction. 

Wavelet-Based Models 

The discrete wavelet transform is based on the 
concept of multi-resolution analysis (MRA) in¬ 
troduced by Mallat (Mallat, 1989; Daubechies, 
1992). It is a linear transformation with a special 
property of time and frequency localization at 
the same time. 

The goal of discrete wavelet transform is to 
decompose arbitrary signal f(t) into a finite sum¬ 
mation of wavelets at different scales or levels 
according to the expansion 

/(') = £ E c ,A* W ( 2| ) 

where c. k are called the discrete wavelet transform 
coefficients of f{t) and the function r|; (t) are 
the wavelet expansion functions. 
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Figure 3. Elman recurrent neural network 


context layer 



The coefficients are given by: 

c ]>k = /_* / (f)^ (t) dt = (/, i> jk ) (22) 

The wavelet basis functions can be computed 
form a function %\)(t) called the mother wavelet 
through translation and dilation: 

■4> M (f) = 2~"Sj>(2-'f-*), j,k ez (23) 

where j is the translation and i is the dilation 
parameter. For some choices of ^(t), this is an 
orthonormal basis. Examples are the Haar wave¬ 
lets and the Daubechies wavelets. The dilation 
equations 

<K0 = sM 2t ~ k ) 

Mt) = 42Yh k ${2t-k) 


are used for this purpose, where is scaling 
function or father wavelet. The coefficients g k and 
\ are low-pass and high-pass filter coefficients, 
respectively, satisfying h k = (—)* g x k . 

A function f can be represented as 

fM = 

(25) 

where coefficient c 0 k k are given and coefficients 
c J+l n and d. } n at scale j + 1. They can be ob¬ 
tained if coefficient at scale j is available: 

c j+m = Y C jM k ~ 2n ) 

1 t h (26) 

d j^n=Y C jA k - 2n ) 
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The smooth coefficients c mainly capture 
the underlying smooth behavior of the data at 
the coarsest scale, while the details coefficients 
d lk ,d 2 dj k representing deviations from 
the smooth behavior, and provide progressively 
finer scale deviations. 

The multi-resolution decomposition of the 
original signal f(t) is given by the following 
expression 

fit) = C J + D J +D J _ 1 + .+ D, (27) 

where C p = Aa-W , D. = ^ d. . k jt) 

with / = 1 : 2The sequence of terms 

C ; . Dj. Dj | ,.. D ] represents a set of signals 

components that provide representations of the 
signal at the different resolution levels 1 to J. 

In practical applications, such decomposi¬ 
tion can be obtained by using a specific wavelet. 
Several families of wavelets have been proven 
to be special useful in various applications. They 
differ with respect to orthogonality, smoothness 
and other related properties such as vanishing mo¬ 
ments or size of the support. Readers interested 
in mathematical and practical aspects of wavelets 
are directed to the monographs of Chui (1992), 
Daubechies (1992), and Meyer (1992). 

The basic idea of wavelet-based methods for 
prediction is to first decompose the original signal 
into components and then applies some predicting 
method to theses individual components. High 
frequency components can be used to predict the 
near future while low frequency components can 
usually tell the long-term trend. In other words, 
the lower level of the decomposition can capture 
the long-range dependencies, while the higher 
levels capture the usual short-term dependencies. 
The procedure of this algorithm can be described 
below: 

• Step 1: Choose number of data points such 
that 2 L can be maximized within the time 
series interval. 


• Step 2: Do the wavelet transform for time 
series, and then obtain the approximation 
coefficients and detail coefficients. 

• Step 3: Perform prediction of wavelets co¬ 
efficients for each level of scale. 

• Step 4: Reconstruct the signal based on 
the coefficients predicted at each level. 
The forecast can be obtained based on the 
reconstructed signal. Then the final predic¬ 
tion for the original data can be obtained. 

Support Vector Machine 

SVM was developed by Vapnik and his cowork¬ 
ers in 1995 (Vapnik, 1995). It works based on the 
principle of structural risk minimization (SRM) 
which seeks to minimize an upper bound of the 
generalization error consisting of the sum of the 
training error and a confidence interval. This in¬ 
duction principle is different from the commonly 
used empirical risk minimiz ation (ERM) principle 
which only minimizes the training error. Their 
major advantage over ANN is that they formulate 
the regression problem as a quadratic optimization 
problem. SVM performs by nonlinearly mapping 
the input data into a high d im ensional feature space 
by means of a kernel function. Then the linear 
regression in the transformed space is performed. 
The whole process results in nonlinear regression 
in the low-dimensional space. 

By the SVM, the basic idea is to map the data 
into a higher-dimensional feature space via a 
nonlinear mapping and then to do linear regres¬ 
sion in this space (Cristianini & Shawe, 2000; 
Suykens, Gestel,et al. 2002; Cao & Tay, 2003). 
It is assumed that a set of a training data set 
G = {(x; d.) € R” x R,i = 1,2,whichcon- 
sistsof l pairsoftrainingdata (x, d.),i = 1 , 2 ,..../ 
are given, x is an input vector, d. is the desired 
value. The issue of the regression is to determine 
a function that can approximate future values ac¬ 
curately. SVM approximates the function using 
the following form: 
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fix) = M>( x ) + b (28) 

where w € R n ,b € R and ° represents anon-l in ear 
transformation form R n to high-dimensional fea¬ 
ture spaces. The coefficients w and b are estimated 
by minimizing the regularized risk function (2) 

* = |ff + c yE4K>/W) ( 29 ) 

where 


y, ~ fix,, w) < e + i* 

>0,i = l,...,n 

Finally, by introducing Lagrange multipliers 
and exploiting the optimality constraints, the 
decision function (1) has the following explicit 
form: 

fix) = ( a i ~ a *) K ( x o x ) + b (32) 


4K,/(*,)) 


0 otherwise 

(30) 


and e is a prescribed parameter. 

In equation (29), the first term||w| is called 
the regularized term and used as a measure of 
function flatness. Minimizing ||w|| will make a 
function as flat as possible, thus playing the role 
of controlling the function capacity. The second 

term (1 / Z)^ L (d.. f(x.) is a so-called empirical 

error, which is measured by the e — insensitive 
loss function (30). The constant C > 0 is a regu¬ 
larized constant determining the tradeoff between 
the training error and model flatness. C and e are 
both user-prescribed parameters and determined 
empirically. 

The slack variables £.,£,* i = \....n will be 
used to measure the deviation of training samples 
outside e -insensitive zone. Thus, SVM regression 
is formulated as minimization of the following 
functional: 

min{I||w|| 2 +CX:(^+0} (31) 


where a., a are the so-called Lagrange 
multipliers. They satisfy the equalities 
a a = 0 ,a. > 0 ,a* > 0;/ = 1 , 2 ,...,/ and can 
be obtained by maximizing the dual form of Eq. 
(31), which has the following form: 

- a ;)-et( a ,+ a ;)-iEE(« ( -OK 

(33) 


with the following constrains 


£(<.,- 0=0 


0<<J, <C ,/ = 1,2,...,/ 


K( X x ) is defined as the kernel function. The 
value of the kernel is equal to the inner product of 
two vectors x. and x. in the feature space 4>(x.) 
and o(x .). That is K (x., x .) = 4>(x.) ■ <\>(x .). The 


elegance of using the kernel function is that one 
can deal with feature spaces of arbitrary dimen¬ 
sionality without having to compute the map o(x) 
explicitly. Any function that satisfies Mercer’s 
condition can be used as the kernel function. Four 
commonly-used kernel functions are: 


subject to 


1. 

2 . 


Linear: K(x p x.) =< x. ■ x. > 

Polynomial: 

K(x.,x.) = (< x. -x. > +1 ) d ,d = degree 
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3. Radial Basis: 

K(x.,x.) = exp(-jj|a| : - xj 2 / 2<j 2 ),o — width 

The general prediction procedure can be de¬ 
scribed as follows: 

• Step 1: Construct the SVM input vector 

• Step 2: Choose the kernel function and the 
parameters used for the training SVM. 

• Step 3: Train the SVM using the selected 
training data sets according to equation 
( 6 ) 

• Step 4: Repeat steps (2) to (3) by changing 
the parameter values until prediction error 
is reached 

• Step 5: Train the training data sets by the 
best SVM model with the best parameters. 

• Step 6: Use the best SVM model to 
predict 

PREDICTION METHOD AND 
PERFORMANCE METRICS 

Prediction Methods 

One-Step-Ahead Prediction 

One-step-ahead prediction (OSP) supposes that 
at the current time t , to predict x (+1 for the fu¬ 
ture time t +1 with the knowledge of the value 
v , x t l ,...,x l forpasttime t.t - 1..... 1 respectively. 
The prediction function is expressed as: 

x t+1 = g(x t ,x t _ v — ,x l ) (34) 

Multi-Step-Ahead Prediction 

By the multi-step-ahead prediction (MSP), the 
value of the time series at the time step t + k 
is predicted recursively, using time series mea¬ 
surements up time t , where k > 1. MSP includes 
the direct prediction and the iterated prediction. 


Direct prediction is a method by which a model is 
built to directly predict x t+k . The direct prediction 
equation is expressed as: 

x t+i = g{x t , x t _ v -x j) (35) 

The Iterated prediction is a method by which 
a model is built to predict one step ahead. To 
predict more than one step, earlier predictions 
are used as model of inputs. That is to say, the / 
-step-ahead prediction is performed by iterating a 
one-step-ahead estimator. The Iterated prediction 
equation is expressed as: 

* t+ * = S(x t+k -vx t+k ~v--x, + v x l ’ x t -v--- x i) ( 36 ) 

It is clear that the multi-step-ahead forecast¬ 
ing uses the recent predicted values instead of 
the actual ones. This makes the performance of 
multi-step prediction become more deteriorative 
than that of one-step-ahead forecasting. 

There have been many debates on two methods 
to find the better one. Although most researchers 
have found that the iterated prediction is more ac¬ 
curate than direct prediction (Casdagli, Jardins,et 
al., 1992), the iterated prediction is questionable 
because it has not taken into account the accumu¬ 
lated errors in the input vector (Stock& Watson, 
1999). Clements and Hendry found in a Monte 
Carlo study that direct prediction can outperform 
iterated prediction in the cases when the negative 
moving average component is large (Clements 
& Hendry, 1996). Contributions to the theory 
of iterated vs. direct prediction can be found in 
the paper by Chevillon and Hendry and its refer¬ 
ences (Chevillon & Hendry, 2005). The authors 
(Chevillon & Hendry, 2005) have shown that direct 
prediction exhibited some robustness compared 
to iterated prediction. Their analysis has shown 
that direct prediction could prove either more 
efficient asymptotically or more precise than iter¬ 
ated prediction when the model is well specified 
regardless of stationary or non-stationary. The 


99 


Traffic Prediction over Wireless Networks 


results have also indicated that even if a model 
is mis-specified for a non-stationary time series, 
direct prediction could predict more accurately 
in finite samples. 

Performance Metrics 

There are several metrics of measuring the per¬ 
formance of a prediction model. These statistics 
are given as follows: 

The mean absolute error (MAE) is given by: 

MAE = ±f2\x t -x t \ (37) 

where x t is the observed value of the time series 
at time t , x is the predicted value of x , and M 
is the total number of the predicted values. If the 
MAE is zero, it indicates that the forecast is per¬ 
fect and the value increases proportionally with 
the discrepancies in the forecast. 

The mean squared error (MSE) is given by: 

MSE = -^f2(x t -x t ) 2 (38) 

The MSE will be more sensitive to larger errors 
than the MAE. The MSE indicates a perfect fore¬ 
cast when it exhibits a zero with errors increasing 
with larger MSE values. 

The root mean squared error (RMSE) is given 
by: 

= < 39 > 

The RMSE is simply the square root of the 
MSE and has the same physical dimensions 
as the forecasts and observations and is useful 
since it is considered as a typical magnitude for 
forecast errors. 

The normalized mean squared error (NMSE) 
is given by: 


NMSE = \ ( x, ~ x t ) 2 (40) 

where a 2 is the variance of the time series over 
the prediction duration. The NMSE is widely used 
for evaluating prediction performance. It can be 
seen that, for a perfect predictor, NMSE = 0 and 
for a trivial predictor, which statistically predicts 
the mean of the actual time series, NMSE = 1. If 
NMSE > 1, it means that the prediction perfor¬ 
mance is worse than that of trivial predictor. 

TRAFFIC PREDICTION IN WLANS 

The prediction of traffic in WLAN s plays a funda¬ 
mental role in the design and analysis of WLANs. 
In this section, we will examine the feasibility of 
applying SVM to predict actual WLANs traffic. 
We will also evaluate the performance of differ¬ 
ent prediction models such as ARIMA, FARIMA, 
artificial neural network, and wavelet-based model 
using three types of actual WLANs traffic. 

WLANs Traffic Traces 

Three traffic traces have been used to verify 
the proposed model. One trace (t030801) has 
been collected from the WLANs at the Network 
Research Laboratory at Tianjin University. The 
collection has been conducted at an AP in the 
laboratory, which carried all WLANs traffic to 
access the Internet. 

Another one (final.anon) has been collected 
from the Mobile Computing Group at Stanford 
University (httpl). The wireless network is a 
WaveLAN network with WavePoint II access 
points acting as bridges between the wireless 
and wired networks. Tang & Baker (2000) have 
described the network, methodology, and the 
characteristics of the trace of wireless traffic in 
detail. 

The last one (trace.pcap) has been collected 
from the intranettraffic atthe ACM SIGCOMM’01 
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conference held in the U.C. San Diego in August 
2001(http2). The trace consists of two parts. The 
first part is the record of performance monitor¬ 
ing data sampled from wireless APs serving the 
conference. And the second part is the record of 
anonymized packet headers of all wireless traffic. 
The trace has been obtained by monitoring the 
traffic at the APs for three days of the conference 
capturing the workload of 300,000 flows from 
195 users. The auditorium was covered by four 
ORiNOCO™AP-1000 wireless APs. The subnet 
of APs was connected to a Cisco Catalyst 2924 
switch over a 100BaseT link, which connected 
to the venue’s intranet, then the campus gigabit 
backbone, and finally to the Internet. Balachan- 
dran et al. (2002) has described the configuration 
of the wireless network, methodology for trace 
collection and analysis (See Table 1). 

One-Step-Ahead Prediction 

In the prediction, we have divided each traffic 
trace into two parts. The first part is used to predict 
the future traffic. The predicted traffic has been 
compared with the second part (real traffic) to 
evaluate the performance of our prediction algo¬ 
rithm. We have trained489,293 and 294 samples, 
respectively. And we have constructed the SVM 
classifier with RBF kernel function. Then, we 
have predicted the next 32, 75 and 50 examples, 
respectively. Figure 4, Figure 5 and Figure 6 
show the results of one-step-ahead prediction in 
comparison with the three actual WLANs traffic 
traces, respectively. 

To evaluate the performance of WLANs traf¬ 
fic prediction with supporting vector regression. 


Some common baseline traffic prediction models 
such as ARIMA, FARIMA ANN and wavelet- 
based models have been exploited for performance 
comparison. 

For all WLANs traffic traces, 1000 samples 
have been trained by the baseline prediction mod¬ 
els and then next samples have been predicted. 
The OSP performances for various prediction 
models have been shown in Table 2. 

From the statistics summarized in Table 2, it 
can be obviously observed as follows. 

One can conclude that the accurate ratio of 
SVM predictor is more precise than that of other 
predictors. For each WLANs traffic trace, both the 
MSE andNMSE produced by the SVM model are 
smaller than those obtained by the other predic¬ 
tion models. 

Compared with other predictors, ARIMA 
model delivers worse forecasting performance. 
Although ARIMA models are proved to be quite 
powerful to model a class of non-stationary data, 
it can’t capture long-range dependent character¬ 
istics. 

The ANN prediction shows better superiority 
to the FARIMA model on the same testing set 
because the ANN model can capture the non¬ 
linear nature of network traffic. However, ANN 
might suffer from over-fitting. Although FARIMA 
models was considered to be preferable to forecast¬ 
ing network traffic (Sadek, Khotanzad & Chen, 
2003; Doulamis, Doulamis & Kollias, 2003), its 
prediction performance is worse than that of ANN 
and SVM models in our experiments. 

The wavelet-based forecasting can’t give 
remarkable performance as in the work (Qiao, 
Skicewicz & Dinda, 2004). This is due to the ef- 


Tcible 1. WLANs traffic statistical parameters 


Trace 

Max 

Min 

Mean 

Standard 

name 

(pkts/sec) 

(pkts/sec) 

(pkts/sec) 

variance 

t030801 

614 

0 

278.3411 

96.0897 

fmal.anon 

187 

0 

64.9151 

42.6428 

sigcomm’01 

676 

16 

120.4476 

123.0416 
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Figure 4. One-step-ahead prediction of W30801 



feet of boundary conditions in wavelet transform. 
Although it has worse prediction performance 
compared to other predictors, wavelet-based 
prediction is attractive due to its lower compu¬ 
tational complexity. Compared with baseline 
prediction models, there are only a few training 
samples to achieve desired prediction accuracies 
using SVM. 

The OSP performance for various prediction 
models is given in Table 3 in unit of bytes/second. 
The same conclusion, that the SVM model pos¬ 
sesses better prediction performance than those 
above-mentioned models, can be obtained. 


Multi-Step-Ahead Prediction 

Figure 7, Figure 8, and Figure 9 show the results 
of four-step-ahead prediction in comparison with 
the three actual WLANs traffic traces respectively. 
Performance metrics of four- and five-step-ahead 
prediction for all the WLANs traffic traces have 
also be provided in Table 4 and 5. The performance 
metrics shown in Table 2, Table 3, Table 4, and 
Table 5 indicate deterioration in the performance 
of the MSP prediction compared with that of the 
OSP. From Table 2, Table 3, and Table 4, it can be 
seen that, for trace t030801 both the NMSE and 
MSE of four-step-ahead produced by the SVM 


Figure 5. One-step-ahead prediction of final, anon 
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Figure 6. One-step-ahead prediction of sigcomm ’01 



Time (second) 


model are even smaller than that of OSP obtained 
by other prediction models. For trace final, anon in 
the unit of packets/sec, both the NMSE and MSE 
of four-step-ahead produced by SVM model are 
almost equal to that of OSP provided by ARIMA 
model. Fortrace final, anon in the unit of bytes/sec, 
these performance metrics are smaller than that of 
OSP obtainedby other prediction models. Fortrace 
sigcomm’01, its four-step-ahead performance 
of the SVM predictor is better than that of OSP 
obtained by ARIMA and FARIMA models. 


Computational Complexity 

The computational complexity for FARIMA and 
ARIMApredictors are 0(n 2 ) (Krunz&Makows- 
ki, 1998). When training back-propagation neural 
networks, there are several factors that determine 
the computational complexity. It is assumed that 
the networkis fully connected. The variable i. n, o 
represents the number of input nodes, hidden nodes 
and output nodes, respectively. The total order of 
complexity is 0(i *o*n + n*o) for training a 
single epoch (Istook& Martinez, 2002). The al¬ 
gorithm, which computes the orthogonal wavelet 
coefficients of a time-series of length, n , is very 


Table 2. Performance metrics of the one-step-ahead prediction in unit of packets/second 


Models 


ARIMA 


FARIMA 


ANN 


Wavelet 


SVM 


Metrics 

MSE 

NMSE 

MSE 

NMSE 

MSE 

NMSE 

MSE 

NMSE 

MSE 

NMSE 


t030801 


0.87 

3954 

0.84 

3411 

0.73 

3446 

0.74 

2025 

0.44 


0.8 

1720 

0.72 

1601 


1836 

0.79 

1095 

0.47 


sigcomm’01 

11632 

0.9 

10829 

0.83 


0.76 

11794 

0.91 

7194 

0.55 
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Table 3. Performance metrics of the one-step-ahead prediction for various WLANs traffic in unit of 
bytes/second 


Models 


ARIMA 


FARIMA 


ANN 


Wavelet 


SVM 


Metrics 

MSE 

NMSE 

MSE 

NMSE 

MSE 

NMSE 

MSE 

NMSE 

MSE 

NMSE 


t030801 

1233039616 

0.81 

1186539169 

0.78 

1204150178 

0.79 

1292082697 

0.85 

418839085 

0.27 


1537012021 

0.87 

1472094166 

0.83 

1472188921 

0.83 

1539463459 

0.87 

723103523 

0.41 


sigcomm’Ol 

371469993 

0.77 

369381802 

0.77 

351671999 

0.73 

384604427 


160830775 

0.33 


fast and its complexity is of the order of n , e.g. 
0(n) (Daubechies, 1992). 

The optimization problems for SVM can be 
formulated as standard quadratic programming 
(QP) problems with complexity ofO(« 3 ). It is 
too time consuming in the case of a large number 
of samples. Many attempts have been made to 
reduce the computational complexity of SVM 
algorithms. A sequential minimal optimization 
(SMO) training algorithm for the SVM was sug¬ 
gested by Platt (1998). It has been considered as 
the state-of-the-art SVM implementation, with 
training time complexity empirically observed to 


Figure 7. Four-step-ahead prediction of t030801 


be between O(n) and 0(n 23 ) (Keerthi, Shevade, 
et al., 2001). Moreover, computationally complex¬ 
ity of SMO is linear in the number of support 
vectors (Salomon, King & Osborne, 2002). In 
our experiment, an implementation of a SMO 
training algorithm has been taken to achieve low 
complexity. With recent developments in efficient 
algorithms, coupled with the rapid improvement 
of computer performance, real-time prediction 
of SVM is now feasible (Zhang & Shen, 2005; 
Wang, Men & Lu, 2008; Wang, Pi, & Sun,. 2007; 
Alenezi, Moses & Trafalis, 2008). 
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Figure 8. Four-step-ahead prediction of final, anon 



FUTURE RESEARCH DIRECTIONS 

Several prediction models have been proposed 
in the literature to deal with the traffic prediction 
over various wired networks. But there are only 
a few studies on the prediction of the traffic over 
wireless networks. SVM is a successful model 
for the prediction of wireless traffic. Compared 
to ARIMA, FARIMA, ANN and wavelet-based 
predictors, the SVM predictor possesses better 
prediction performance due to its features of 
noise-tolerance, high stability, adaptive proper¬ 
ties and better generalization performance. The 
trace collection is still ongoing, recently, some 
lager wireless traces have been made available 


at CRAWDAD (CRAWDAD). In the future, it 
is necessary to analyze significantly large and 
broad traffic traces over WLANs with hope to 
achieve moer accurate predictions. Moreover, it 
is the fact that performance of SVM is sensitive 
to the proper choice of a kernel function and the 
parameters. The optimal choice ofkemel function 
and SVM parameters affect the SVM prediction 
performance in wireless networks. 

Seeking a perfect prediction models is not the 
final goal. The final goal is to make the maximum 
usage of wireless network resources. We plan to 
provide an in-depth study on the performance of 
different predictionmodels with various trace, seek 
a perfect prediction models for wireless traffic, 


Figure 9. Four-step-ahead prediction ofsigcomm ’01 
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Table 4. Performance metrics of the four-step-ahead prediction for various WLANs traffic 


Models 

Metrics 

t030801 

final.anon 

sigcomm’01 

packets/second 

MSE 

3056 

1889 

10792 

NMSE 

0.66 

0.81 

0.82 

bytes/second 

MSE 

447584308 

811438475 

351351775 

NMSE 

0.29 

0.46 

0.73 


Table 5. Performance metrics of the five-step-ahead prediction for various WLANs traffic 


Models 

Metrics 

t030801 

final.anon 

sigcomm’01 

packets/second 

MSE 

4220 

2667 

11831 

NMSE 

0.90 

0.97 

0.91 

bytes/second 

MSE 

1104243984 

1600349537 

410965388 

NMSE 

0.72 

0.90 

0.86 


and investigate prediction in various time-scales. 
High accurate traffic prediction on large time scale 
is the base of long term planning of the resources 
of wireless networks. Prediction on small time 
scale is necessary for dynamic bandwidth alloca¬ 
tion, admission control. This is very important for 
bandwidth constrained wireless networks. The 
prediction-based dynamic bandwidth allocation 
and admission control methods are suitable to 
real-time applications over the wireless networks 
and can improve the networkutilization. Providing 
real-time traffic prediction is essential and neces¬ 
sary for wireless network resource management. 
Therefore, providing adaptive models that can be 
used for real-time prediction of traffic over wire¬ 
less networks will be the future work. 


CONCLUSION 

In this section, the performance of S VM has been 
evaluated by using three actual WLANs traffic 
traces. Firstly, a SVM-based one-step-ahead 
prediction has been performed. From the results, 
it can be concluded that, compared to ARIMA, 
FARIMA, ANN and wavelet-based predictors, 
the SVM model can predict WLANs traffic with 


higher estimation accuracy. Secondly, a multi- 
step-ahead prediction has been developed for 
WLANs traffic. As expected, although the results 
of multi-step-ahead prediction have exhibited a 
deterioration behavior compared to that of the one- 
step-ahead prediction, the results have indicated 
that a lower horizon forecast can be obtained with 
little degradation in the performance. That is to 
say, the SVM-based multi-step-ahead prediction 
is able to provide a good prediction performance 
within a finite future horizon. 

A better prediction model should be adaptive 
to the change of the network traffic. The choice 
of a prediction model is a tradeoff between the 
prediction interval, prediction error and computa¬ 
tional cost. In the future, more traffic information 
will be available and more characteristics will be 
known. More adaptive traffic prediction models 
could be built up, which can improve and update 
the parameters to capture new available informa¬ 
tion and behave new characteristics. 
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ABSTRACT 

A major limitation for wireless video communication on portable devices is the limited energy budget. 
For this reason, efficient usage of the scarce energy becomes a critical design constraint, in addition to 
meeting the Quality of Service constraints related to the video quality. In this chapter the authors focus 
on minimizing the energy cost of the two main energy consumers in the handheld wireless video device: 
the video encoding and wireless communication tasks. For this purpose, they present a cross-layer ap¬ 
proach that explores the tradeoff between coding and communication energies. They then exploit the 
Rate-Distortion-Complexity tradeoffs andflexibility of the Scalable Video Codec. The results show that 
by adapting the codec configuration at runtime to the specific scenarios up to 50% of the total energy 
can be saved with marginal video quality loss. Moreover, the approach presented is of low complexity 
and easily deployable in practical systems. 
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INTRODUCTION 

Wireless video communication with portable 
devices has become the driving technology of 
many important applications such as personal 
communication, gaming and security. In this 
respect, both mobile communication protocols 
and video coding technologies have experienced 
rapid advances. 

On the one hand, in the context of video coding 
technologies, several video compression standards 
have been developed within the past years such as 
MPEG-4 Part 10, H.264/Advanced Video Codec 
(AVC) or the most recent Scalable Video Codec 
(SVC). The purpose of the H.264/AVC project 
was to create a standard capable ofproviding good 
video quality at substantially lower bit rates than 
previous standards (e.g. half or less the bit rate 
of MPEG-2, H.263, or MPEG-4 Part 2), without 
increasing the complexity of design so much that 
it would be impractical or excessively expensive 
to implement. In a similar way, the Scalable Video 
Codec (SVC) has been developed as an extension 
of the H.264/AVC providing scalability aspects 
in the encoded video bitstream relying on a wide 
range of spatio-temporal and quality scalability. 
This higher flexibility comes also at the cost of an 
increased complexity or energy consumption. 

In general, we can see that the trend in the 
evolution of video codecs aims at achieving higher 
compression degree and higher flexibility in terms 
of scalability and adaptability. Both features are 
highly valuable in mobile communications. First, 
bandwidth is a scarce resource and a high com¬ 
pression degree lowers the required bandwidth. 
Secondly, the variability of the available band¬ 
width together with the heterogeneity of devices 
and processing capabilities makes the bitstream 
scalability and adaptability a desired feature. 

One obvious way to compress the video in¬ 
formation is to reduce the target video quality. 
By allowing a coarser quantization the output 
rate is reduced at the cost of an increased video 
distortion. This exploits the inherent Rate - Dis¬ 


tortion tradeoffs of video codecs. However, for 
a fixed target video quality, obtaining a higher 
compression degree generally requires the use of 
more complex coding tools, which increases the 
complexity of the coding process and with it its 
coding energy. This extends the Rate - Distortion 
tradeoff to a three-dimensional Rate - Distortion 
- Energy tradeoff, as shown in Figure 1. 

On top of this, to avoid severe degradation of 
the end video quality when transmission errors 
occur, the video codec should provide a certain 
degree of error resilience or robustness. This is 
achieved at the cost of an increased redundancy, 
or in other words, increased output rate, which 
is translated again in terms of Rate-Distortion 
tradeoff. 

On the other hand, the trend in the develop¬ 
ment of new wireless communication standards 
is to provide, among other aspects, higher band¬ 
width/data rate to the end users. This way, the 
new WLAN standard, 802.1 In, aims to provide 
up to 600 Mbits/s with respect to the 54 Mbits/s 
provided by previous WLAN standard such as 
802.11 g. Achieving high data rate is indeed one of 
the key aspects of wireless communications. The 
available bandwidth is variable as it is dependent 
on the channel conditions during transmission and 
the distance between mobile terminal and base 
station. Given the error-prone nature of wireless 
channels, providing a certain Quality of Service 
(QoS) to the end user is another challenging 
task. This QoS is generally measured in terms of 
latency and Packet Error Rate (PER) as this can 
have a dramatic impact on the end video quality. 
Finally, when addressing wireless communica¬ 
tions from battery-powered devices, energy 
consumption becomes also a critical issue. The 
required energy consumption is directly li nk ed 
to the amount of transmitted data: the more bits 
transmitted, the higher the energy consumption is. 
On top of this, the required transmission energy 
depends on both distance between transmitter 
and receiver and experienced cha nn el conditions. 
This way, guaranteeing a specific QoS under 
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Figure 1. Tradeoffs at communication and codec sides 


Coding 

Energy 




higher transmission distance or worse channel 
conditions usually involves higher energy con¬ 
sumption. In general, we could summarize the 
available tradeoffs in wireless communications 
as Rate - PER - Energy tradeoffs. Most of the 
existing work focuses on capacity-energy trade¬ 
offs, by combining the wireless rate and PER 
dimensions into a general capacity dimension 
(Schurgers, 2002), (Raghunattan & Ganeriwal, 
2002), (Uysal & Prabhakar, 2002). For cross¬ 
layer coupling with video coding, it is however 
more practical to treat rate and PER separately. 
In (Pollin et al, 2007), (Ji, 2008), (Blanch & Gan, 
2009), a detailed wireless communication model 
is given relating total wireless communication 
energy (including trans mi ssion power and static 
power), rate and PER. It is shown that a relevant 
trade-off is achieved between wireless energy, 
rate and PER, in the sense that a higher rate or 
lower PER requirements correspond to a higher 
energy cost. 

Nevertheless, to reduce the total energy con¬ 
sumption at the mobile terminal a more holistic 
approach is needed where not only communication 
energy is considered. Indeed, the two dominant 
power consumers at a mobile terminal are shown 
to be wireless transmission and video encoding 
processes as illustrated in (He & Cheng, 2008), 


(Mohapatra & Dut, 2007). Therefore, in order 
to minimize the total energy consumption at the 
terminal, both energy components need to be ad¬ 
dressed. For this purpose, the available tradeoffs at 
both video codec and network side (see Figure 1) 
can be combined into one global tradeoff (Figure 
2), where the Total Energy at the device is the 
sum of coding and wireless energy which depends 
also on the rate or number of bits transmitted. In 
a similar way, the video distortion takes into ac¬ 
count the impact of both coding and transmission 
distortion or PER. For simplicity, we can assume 
that a certain QoS is imposed at the network side 
guaranteeing a very low or marginal PER. 

In order to analyze the global tradeoffs given 
in Figure 2, a cross-layer approach is required 
as the interdependencies and tradeoffs between 
different layers (such as coding and transmission) 
are considered. 

The remainder of this chapter describes an 
optimization technique for the trans mi ssion over 
a WLAN of the latest video compression stan¬ 
dard, the Scalable Video Codec. The purpose is 
to minimize the total energy subject to distortion 
constraints by exploring the link between the 
video rate axis and the wireless and coding energy 
components. The chapter is organized as follows. 
First, some related work is presented where some 
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Figure 2. Combined tradeoffs in cross-layer approach 


WL ♦ Coding Energy 



approaches to consider the global tradeoffs and 
total energy consumption are given. Then, the Scal¬ 
able Video Codec is introduced together with its 
Complexity-Performance tradeoffs. The network 
model is presented next. This is followed by the 
proposed cross-layer approach to minimize the 
total energy consumption and the achieved results. 
Finally we conclude this chapter and propose some 
future research directions. 


BACKGROUND 

A main challenge in wireless communications is 
the limited battery capacity of the portable devices 
involved. Hence, achieving low energy consump¬ 
tion becomes a critical issue. To this end, most 
of the existing work focuses on minimizing the 
energy consumption of either the video codec or 
the wireless transmitter, which are considered the 
main energy consumers in the device. However, 
few authors consider the j oint minimization of the 
codec and wireless energy by taking their interde¬ 
pendencies into account. In (Katsaggelos & Zhai, 
2005) the impact of source coding on the wireless 
transmission energy is considered but the authors 
do not take into account the coding energy. In (Gan 
et al, 2007) a cross-layer optimization scheme is 


proposed to minimize coding and wireless energy 
for MPEG-4 video. In (Mohapatra & Dut, 2007) 
several cross-layer adaptation techniques are pro¬ 
posed at application, OS, network and hardware 
level to reduce the energy of video streaming 
on mobile handheld systems. In (He & Cheng, 
2008) the authors propose energy minimization 
based on power-rate-distortion optimization. 
The energy tradeoff between video encoding 
and wireless communication is analyzed and the 
MPEG-4 encoding process is adapted based on 
the video content variations. However, none of 
the mentioned works consider the user mobility 
and the impact of the path loss scenario. 

Other interesting works that considers the mini¬ 
mization of the total energy by j ointly considering 
trans mi ssion and source coding energy are found 
in (Lu & Wang, 2002), (Lu & Wang, 2003), (Lu 
& Wang, 2007). In (Lu & Wang, 2002) and (Lu 
& Wang, 2003) a mathematical model of H.263 
video codec, Reed Solomon cha nn el codec and 
wireless transmitter is presented with the purpose 
of minimizing the total energy consumption of an 
uplink transmission from mobile to Base Station 
at varying transmission distances. In (Lu & Wang, 
2007) the work is extended to a multi-user con¬ 
text over CDMA cellular networks for the H.263 
video codec where the sum of compression and 
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transmission power for all users is minimized. 
This is done in a centralized context at the cost 
of significant communication overhead. 

In (Lan & Tewfik, 2003) the coding and 
transmission models of mobile users in a cellular 
network are configured by the Base Station in order 
to reduce the total energy consumption. Energy 
savings from 10% to 30% are reported. 

All mentioned work in literature addresses vid¬ 
eo codecs such as MPEG-4 or H.263 that provide 
very limited scalability. This chapter extends the 
analysis to transmission over 802.11 e WLANS of 
the more advanced and challenging Scalable Video 
Codec (SVC). This upcoming video standard pro¬ 
vides high flexibility and compression efficiency. 
But this occurs at the cost of an increased coding 
complexity, which makes energy minimization a 
critical requirement. The approach presented is 
however general and can be applied to all video 
and wireless communication standards. 

As in (He & Cheng, 2008) we consider the 
dependencies and tradeoffs between video en¬ 
coding and wireless energy. Based on this energy 
tradeoff and codec complexity-rate-distortion 
modeling we adapt the SVC codec configuration 
to reduce the total energy consumption, as already 
presented in our earlier works (Blanch & Gan, 
2009). The impact of user mobility and path loss 
scenario is considered, similarly to the approach 
we presented in (Blanch & Gan, 2009). On top of 
this an approach for optimal target quality selec¬ 
tion is presented. 

THE SCALABLE VIDEO CODEC 

The Scalable Video Codec (SVC) is an extension 
of the H.264/Advanced Video Codec (AV C) and it 
is the latest standardized video codec (Reichel & 
Schwarz, 2005) developed in the Joint Video Team 
(JVT), which is a collaboration between MPEG 
and ITU-T. The purpose of SVC is to provide 
scalability aspects in the encoded video bitstream 


in a way that a wide range of spatio-temporal and 
quality scalability can be achieved. 

There are three axes of scalability provided 
in SVC: 

• Temporal scalability enables the adapta¬ 
tion of the frame rate, 

• Spatial scalability enables the adaptation 
of different resolutions, 

• Quality scalability enables the adaptation 
of different qualities, 

• Combined scalability is any combination 
of the above. 

These scalability aspects are further explained 
in the following subsections. 

Temporal Scalability 

Temporal scalability is achieved by means of 
hierarchical prediction structures as illustrated 
in Figure 3 and Figure 4. The types of video 
frames are explained as follows. I frames are 
intra-predicted, and do not require any previously 
coded frame. P frames are uni-directional predicted 
from previous I frames or P frames. B frames are 
bi-directional predicted from previous I, P or B 
frames, in a hierarchical manner. A special type of 
I pictures are called IDR pictures (Instantaneous 
Decoder Refresh). At the occurrence of an IDR 
pictures, following P and B pictures cannot be 
predicted from any picture preceding the IDR 
picture. This enables the refresh and flushing 
of the decoder. Both Intra and IDR pictures are 
coded periodically. 

The basic unit for hierarchical prediction 
structure is called a Group of Pictures (GOP). The 
pictures at the boundaries of the GOP are either 
intra-coded or inter-coded by using previous GOP 
boundaries as reference. The remaining pictures 
of a GOP, are hierarchically predicted, which in¬ 
herently provides temporal scalability. This way, 
when this hierarchical structure is used to encode 
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Figure 3. High delay GOP structure 



a sequence, the total number of temporal layers 
L oml is given by: 

L temporal =log 2 GOPSize+l (1) 

Therefore, a prediction structure with a bigger 
GOP size provides a higher degree of temporal 
scalability as a higher number of temporal layers 
can be extracted from the encoded bit stream. 

Note that it is possible to arbitrarily adjust the 
structural delay between encoding and decoding of 
a picture by restricting the prediction to motion- 
compensated prediction from pictures that follow 
the picture to be predicted in display order. This is 

Figure 4. Low delay GOP structure 


illustrated in Figure 4, where a hierarchical pre¬ 
diction structure is shown which does not employ 
motion-compensated prediction from pictures in 
the future. Although this structure provides the 
same degree of temporal scalability as the one of 
Figure 3, its structural delay is equal to zero in 
contrast to 4 pictures for the prediction structure 
in Figure 3. However, such a low-delay structure 
typically decreases coding efficiency. 

Spatial Scalability 

For supporting spatial scalable coding, SVC 
follows the conventional approach of multilayer 


liYTiTriTl 
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coding, where the spatial resolution can be changed 
by adding or dropping spatial enhancement lay¬ 
ers. In each spatial layer, motion-compensated 
prediction and intra-prediction are employed as 
for single-layer coding. But in order to improve 
coding efficiency in comparison to simulcasting 
different spatial resolutions, the high resolution 
layers are predictive coded from low resolution 
layers using inter-layer prediction mechanisms. 
In particular, the pixels in lower resolution layer 
have to be up-sampled to match the resolution 
of higher layer. 

SNR Quality Scalability 

With SNR (Signal-to-Noise-Ratio) scalability, also 
called quality scalability, the reconstructed video 
quality (often measured in mean square error, MSE 
or peak signal-to-noise ratio, PSNR) can be tuned 
by adding/dropping quality e nh ancement layers 
(EL). Therefore, when quality scalability is used, 
each video frame in the sequence consists of a base 
layer (BL) encoded at lower quality and one or 
more quality enhancement layers (EL) on top. 

The latest SVC standard supports two types 
of quality scalability: coarse granular scalability 
(CGS) and medium granular scalability (MGS). 
Both of them employ the same inter-layer predic¬ 
tion technique as that in spatial scalability. The 
main difference between CGS and MGS lies in 
the capability of rate adaptation. Similar to spatial 
scalability, CGS layers can only be added/dropped 
at IDR pictures. In contrast, MGS layers can be 
added/dropped for each picture regardless of the 
picture type, hence providing much more flex¬ 
ibility than CGS. 

An important concept in MGS is the key 
picture (KP), which aims at making a trade-off 
between error resilience and coding efficiency. 
More specifically, for a picture that is not a KP 
(i.e., non-KP or NKP), the EL of the reference 
pictures are employed for motion compensation. 
In contrast, for a KP, only the BL of the refer¬ 
ence pictures are used for motion compensation. 


In practice, the KP concept can be efficiently 
combined with the GOP structure, where I and 
P pictures on the GOP boundaries are coded as 
KPs, and all the other pictures within a GOP are 
coded as NKPs (see Figure 5). Each frame in the 
sequence consists of a base layer (BL) encoded 
at low quality and one quality enhancement layer 
(EL) on top. 

In this way, if an EL of a picture is lost due 
either to packet loss or rate adaptation, the error 
propagation can be restricted within a GOP. In 
other words, the KPs are serving as resynchro¬ 
nization points. However, such error robustness 
comes at a cost of coding efficiency, as only the 
BL of reference pictures with coarse quality are 
used for motion-compensation of KPs. 

There exists a third type of scalability called 
Fine Granular Scalability (FGS). FGS provides 
higher flexibility of adaptation than either CGS 
or MGS. However, this type of quality scalability 
is not included in the current profile definition of 
the SVC standard. 

The rate ofboth Base Layer (BL) and Enhance¬ 
ment Quality Layer (EL) is highly dependent on 
the Quantization Parameter (QP) chosen to encode 
the specific layer, where a lower QP corresponds 
to a higher encoded quality and higher rate. This 
way, the control of the rate distribution between 
Base Layer and Enhancement Layer (EL) is done 
via the A QP parameter given as the difference 
between QP’s of BL and EL: 

A QP = QP bl -QP el (2) 

The choice of AQP causes a specific rate 
distribution between BL and EL. This determines 
the percentage of discardable (EL) information 
in the bitstream and therefore its adaptation flex¬ 
ibility. 

The following section analyzes the impact 
of the chosen SVC codec configurations on the 
rate-distortion-complexity tradeoffs. For this 
purpose, the analysis is focused on configurations 
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Figure 5. Key Picture prediction 


EL 


BL 



providing temporal and quality scalability. In 
terms of quality scalability, Medium Grain SNR 
scalability (MGS) will be used as this provides 
higher flexibility than CGS. 

Rate - Distortion - Complexity 
Tradeoffs in SVC 

The selection of the SVC codec configuration has 
a clear impact on the Rate-Distortion-Complexity 
tradeoffs. This way, the support of quality scalabil¬ 
ity usually incurs a loss in coding efficiency when 
compared to single-layer coding. On the contrary, 
the use of bigger GOP sizes, providing increased 
temporal scalability, generally increases the coding 
efficiency while incurring a higher coding com¬ 
plexity. The purpose of this section is to analyze 
all these Rate-Distortion-Complexity tradeoffs 
provided by different SVC configurations. 

To perform the analysis the JSVM version 
9.10 (JSVM, 2008) implementation of the SVC 
codec is used and its complexity is measured as 
number of cycles on a Pentium 4 PC. In terms of 
temporal scalability we analyze configurations 
with GOP sizes ranging from 1 to 16, which cor¬ 
respond to using from 1 up to 5 temporal layers. 
Both prediction structures with high coding delay 
(Figure 3) and low coding delay (see Figure 4) 


are considered. Moreover, to guarantee a degree 
of error robustness configurations with one Base 
Layer and one MGS quality layer are considered. 
This is combined with a prioritization mechanism, 
where packets from the quality layer are dropped 
first in case of congestion. In addition, the Key 
Picture functionality is always enabled to avoid 
drift problems when an MGS layer of a frame 
is lost or dropped. Finally, to analyze different 
rate distributions between base layer (BL) and 
MGS layer, AgP parameter values of 2 and 6 
are considered. 

Table 1 shows the rate and coding complexity 
tradeoffs corresponding to encoding the Mobile & 
Calendar sequence with different SVC configura¬ 
tions . Each codec configuration is given by a com¬ 
bination of parameters such as GOP size, A QP 
and Delay structure that determine the bitstream 
spatio-temporal and quality scalability. The QP 
for each configuration is selected such that the 
resulted video quality is approximately 37.5 dB 
for all configurations. The analysis is performed 
in our previous work in (Blanch, 2009) and the 
results are shown in Table 1 and Figure 6. Codec 
configurations shown in Table 1 are ordered by 
coding complexity from the highest to the lowest. 
Only Pareto optimal configurations, in terms of 
normalized coding complexity versus output rate, 
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Table 1. Complexity - Rate tradeoffs per SVC codec configuration (Blanch, 2009) 


Point 

GOP 

QPBL 

AQP 

D,l„ 

Coding 

Complexity 

Rate (Mbps) 

1 

16 

26 

2 

High 

1.76 

2.37 

2 

8 

26 

2 

High 

1.68 

2.39 

3 

16 

30 

6 

High 

1.66 

2.47 

4 

8 

30 

6 

High 

1.58 

2.53 

5 

4 

31 

6 

High 

1.41 

2.58 

6 

2 

31 

6 

High 

1.12 

3.17 

7 

4 

26 

2 

Low 

0.658 

3.29 

8 

16 

30 

6 

Low 

0.635 

3.31 

9 

8 

30 

6 

Low 

0.63 

3.32 

10 

4 

30 

6 

Low 

0.62 

3.57 

11 

2 

30 

6 

Low 

0.59 

3.99 

12 

1 

32 

6 

Low 

0.54 

4.47 


are shown in Table 1. This is, all other possible 
configurations require higher coding complexity 
and rate and are therefore suboptimal. 

Figure 6 illustrates the complexity-rate 
tradeoffs given by the configurations in Table 1. 

From the analysis of both Figure 6 and Table 
1 the following observations can be made: 

• Achieving higher coding efficiency re¬ 
quires an increase of coding complexity 

• Configurations 1 to 5 form one cluster of 
points. These configurations have a high 
coding efficiency (low rate) and a high 
complexity, and use a High Delay structure 
(bi-directionally predicted frames). 

• Configurations 7 to 12 form another clus¬ 
ter, with lower complexity and higher rates. 
They use the Low Delay structure (forward 
only prediction). 

• Within each cluster of configurations, in¬ 
creased GOP sizes yield higher compres¬ 
sion, in particular when low A QP are 
used. 


• The configuration with the lowest com¬ 
pression efficiency and lowest coding en¬ 
ergy corresponds to a GOP size of 1. 

This analysis is repeated for other types ofvideo 
content, providing similar conclusions in terms 
of Pareto optimal configurations. In general we 
observe that the scalable video codec provides 
a wide range of tradeoffs in terms of rate and 
coding complexity. By selecting different codec 
configurations we can cover, for a fixed video 
quality, a range of factor 2 to 4 (depending on 
the video content) in terms of rate and a range of 
more than factor 3 in coding complexity. 

Codec Energy Modeling 

The presented complexity measurements give 
us an indication of the relative complexity cost 
between codec configurations. However, to 
compare the cost of video encoding and wireless 
transmission processes, it is necessary to map the 
coding complexity measurements onto energy 
consumption values. To do so, the SVC codec 
energy is estimated by taking as reference our 
previous work on MPEG-4 (Gan et al, 2007) and 
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Figure 6. Complexity - Rate tradeoffs for the mobile &calendar sequence 



the Advanced Video Codec (AVC) (Saponara & 
Blanch, 2003). Then the following assumptions 
are taken: 

• Despite some restrictions (like constrained 
intra prediction), the Base Layer of an SVC 
stream is fully compliant with AVC, and 
hence it is assumed that its coding com¬ 
plexity is very similar. 

• Then the complexity of the AVC codec 
can be related to that one of the MPEG-4 
codec. By coding an AVC bit-stream with 
IPPP structure and disabling complex AVC 
tools similar rate-distortion characteris¬ 
tics are achieved as with MPEG-4 at very 
comparable coding complexity. This is the 
outcome of the analysis and observations 
performed in (Saponara & Blanch, 2003). 


After combining the two above assumptions, 
the coding energy of the SVC Base Layer with a 
configuration of GOP 1 (IPPP structure) can be 
considered comparable to the coding energy of 
an MPEG-4 bitstream, obtained in our previous 
work in (Gan et al, 2007). In this work, wireless 
energy and MPEG-4 coding on ASIC was shown 
to be comparable for certain path losses and video 
rate scenarios. Next, to estimate the coding en¬ 
ergy for all other SVC configurations the relative 
complexity factors between configurations (given 
in Table 1) are applied. 

The reader should note, however, that the 
presented assumptions only aim at obtaining ap¬ 
proximate values of the coding energy that can 
be compared with the wireless communication 
energy. The real coding energy depends on the 
specific implementation chosen and therefore may 
differ. However, it is out of the scope of this chapter 
to obtain very accurate coding energy numbers. 
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Figure 7. Probability density function of channel attenuation (Blanch & Gan, 2009) 


PDF of channel attenuation 


channel attenuation 


Its purpose is to obtain estimated values, which 
are sufficient to show the available tradeoffs and 
the added value of cross-layer optimizations. 
However, as will be shown later, the optimization 
approach remains valid under different codec 
energy assumptions arising from different codec 
implementations. 


WIRELESS ENERGY 
MODELING IN IEEE 802.11E 

The efficient transmi s sion of video over wireless 
local area networks (WLANs) is a challenging 
goal, especially when considering multiple mobile 
users on an error-prone channel and sharing the 
same channel resources. To address this challenge 
and provide Quality of Service the WLAN IEEE 
802.lie standard (WLAN, 2004) proposes the 
Hybrid Coordination Function (HCF) with two 
different access schemes, namely HCF Controlled 
Channel Access (HCCA) and Enhanced Distrib¬ 


uted Channel Access (EDCA). Both schemes sup¬ 
port user mobility and provide high data rates but 
face the limitation of the high energy consumption. 
As wireless stations are battery-powered, achiev¬ 
ing the required performance at minimal energy 
consumption becomes a critical issue. Further 
details on these WLAN standards can be found 
in other chapters throughout this book. 

In this chapter we focus our analysis on the 
HCF functionality of the 802. lie standard. How¬ 
ever, the cross-layer approach presented can be 
generalized and implemented on the distributed 
EDCA functionality or any other wireless standard 
such as cellular systems. 

The ns-2 network simulator (NS) is used to 
simulate the transmission of scalable video over 
the Hybrid Coordinated Function of the 802.11. 
To model the energy consumption the power and 
performance models from our previous work in 
(Mangharam et al, 2005) are used. At the MAC 
and PHY layer the behavior of state-of-the-art 
wireless systems such as 802.11a devices is as- 
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Figure 8. Power-performance tradeoffs according to path loss (Blanch & Gan, 2009) 



sumed where the highest feasible physical rate is 
always used and the power amplifier operates at 
the maximum transmit power (Atheros, 2003). To 
consider the impact of sleep energy in the total 
wireless energy, the assumptions from (Timmers 
et al, 2007) are taken where the sleep state power 
corresponds to 26 mW. 

The channel conditions are modeled so that the 
effect of path loss attenuation and fast fading is 
combined. The Probability Density Function, 
shown in Figure 7, is considered. This models 
the total cha nn el attenuation: the fast fading and 
the average path loss value. The experiments 
consider average path loss values ranging from 70 
to 105 dB as these will lead to different tradeoffs 
between coding and wireless energies. Figure 8 
shows typical power-performance tradeoffs for 
the average path loss values considered. 


STACK-WIDE CROSS¬ 
LAYER OPTIMIZATION 

The energy modeling and resulting energy- 
performance tradeoffs at both video codec and 
wireless side has been presented in previous sec¬ 
tions. The tradeoff between wireless and coding 
energies is now introduced and the optimization 
cross-layer approach developed in our previous 
work (Blanch & Gan, 2009) is presented. In ad¬ 
dition, a method for optimal target video quality 
selection is proposed. 

Coding Energy and Wireless 
Energy Tradeoffs 

In the previous section the inherent compression- 
complexity tradeoffs in the video codec have been 
analyzed showing that achieving high compres sion 
(lower rates) requires configurations with higher 
encoding energy. In addition, the codec output 
rate, linked to the compression achieved, also has 
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Figure 9. Impact of path loss on energy breakdown 



Average Path loss (dB) 


a clear impact on the required communication 
energy as the more bits transmitted, the higher the 
wireless energy consumption. This is illustrated as 
well in Figure 8 where higher good-put requires 
increased wireless power consumption. 

In addition to the rate, the cha nn el attenuation 
(or path loss) highly influences the wireless energy 
consumption. Indeed, a high path loss between 
transmitter and receiver requires higher communi¬ 
cation energy to guarantee a successful reception. 
To illustrate this Figure 9 shows the breakdown 
of the total energy in wireless and video coding 
when transmitting a video rate of 3 Mbps at an 
increasing average path loss. We observe that 
for an average path loss below 90 dB the coding 
energy is dominant, while for path loss over 90 
dB the wireless energy increases dramatically and 
dominates over the coding energy. 

From the analysis performed in both Figure 
6 and Figure 9 the following conclusions can be 
extracted: 


Communication energy and encoding en¬ 
ergy follow opposite trends with respect to 
the video rate. In order to reduce the cod¬ 
ing energy the compression efficiency can 
be reduced allowing higher output video 
rate energy. However, this increases the 
required communication energy. Similarly, 
by applying higher compression the bit 
rate is reduced and with it the communi¬ 
cation energy, but the encoding energy in¬ 
creases. Hence, decreasing in this way the 
coding energy increases the communica¬ 
tion energy and viceversa. This makes it 
necessary to trade-off both types of energy 
consumption. 

The video rate is the parameter that links 
coding energy and wireless energy and 
has a noticeable impact on both. This 
rate is controllable through the quanti¬ 
zation parameter and the selected codec 
configuration. 


125 










Cross-Layer Optimization for Energy-Efficient QoS Support of Multimedia Streams 


Figure 10. Energy-rate tradeoffs at 70 dB path loss 
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This is reflected in Figure 10 and Figure 11, 
which show the coding energy-rate tradeoffs 
of the SVC codec together with the associated 
wireless communication energy. Each point on 
the coding energy curve corresponds to a specific 
codec configuration. For the wireless energy 
consumption we assume an average path loss of 
70 dB in Figure 10 and 100 dB in Figure 11. The 
global energy curve (sum of coding and wireless 
energy) is shown as well. 

The proposed cross-layer approach jointly 
considers the tradeoff between codec and wire¬ 
less energy and selects the optimal SVC codec 
configuration that minimizes the total energy 
consumption. These configurations providing the 
lowest energy consumption are circled in Figure 10 
andFigure 11. When the codec energy is dominant 
(see Figure 10 at 70 dB), we should reduce the 
coding energy by allowing lower compression 
ratio (higher rate). On the other hand, when the 
wireless energy is high and dominates over the 
codec energy (see Figure 11 at Path loss of 100 


dB), to minimize the total energy it is imperative 
to reduce the wireless energy. To do so we need a 
high compression ratio at the codec side, regard¬ 
less the coding energy increase, that reduces the 
video trans mi ssion rate. 

As explained previously, the actual coding 
energy values will vary according to the specific 
codec implementation assumed. However, the 
presented optimization approach remains valid 
under any other coding -wireless energy tradeoff. 
Let us assume that the coding energy in Figure 10 
is halved for a particular codec implementation 
while the relative complexity between codec con¬ 
figurations still holds. This would simply increase 
the relative contribution of wireless energy to the 
total energy and would move the optimal codec 
configuration to a lower rate configuration. In a 
similar way, if the coding energy was doubled 
with respect to Figure 11, this would just lead to 
a different tradeoff where lowering the coding 
energy would be preferred. This way, the optimal 
codec configuration would move to the right in 
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Figure 11. Energy-rate tradeoffs at 100 dB path loss 



Figure 11, corresponding to one of higher rate 
and lower complexity. 

Practical Implementation: Sensing 
of Average Wireless Energy 

The cha nn el attenuation (path loss) highly deter¬ 
mines the existing tradeoff between wireless and 
coding energy and therefore the optimal codec 
configuration. However, other factors such as 
network load or underlying communication tech¬ 
nology also influence the required wireless com¬ 
munication energy. Therefore, since an estimate 
of the wireless energy from the current path loss 
value does not consider the impact of such factors, 
it is better to track the required average wireless 
energy per bit. From this energy-per-bit value the 
wireless energy cost for transmitting different 
SVC configurations can be estimated, based on 
the known output rate for each configuration. 

The selection of the optimal configuration is 
summarized as follows: 


• Step 1: At design-time databases of SVC 
Pareto optimal configurations interms of en¬ 
ergy-rate tradeoffs {E mc [k enc ), R mc [k enc )} 
are built for the desired video quality 
Q i r et . These codec configurations are de¬ 
fined by the combination of the following 
codec parameters: 

k rm = (GOPsize, QP, # qfMGSlayers, AQP, CodingDelay, KP) 

• Step 2: for each optimal codec setting k mc , 
its corresponding wireless energy E wI (k mc ) 
is estimated as: 

E jKJ= R (Kj* E m! ,asu red P) 

where R(k ) is the average rate generated by 
k enc and E me , is the measured wireless energy 
per bit. Note that it is not necessary to know the 
underlying tradeoffs and wireless configurations 


127 






Cross-Layer Optimization for Energy-Efficient QoS Support of Multimedia Streams 


Figure 12. Rate - Distortion tradeoffs for the mobile sequence 
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k wl at the MAC layer. The total energy is then 
obtained by: 

E Jk e J = Ejk e j + Ejkj) (4) 

• Step 3: the SVC codec configuration that 
minimizes the total energy is selected: 

C = argmin|£ to( : Q(k e J > g, arge( } 

( 5 ) 

Optimal Target Quality for 
Energy Minimization 

Previously presented Figure 9 illustrated how the 
wireless energy consumption rapidly increases 
with a higher path loss. When this happens, the 
wireless energy becomes the main component 
of the total energy. Hence, to minimize energy 
consumption the cross-layer controller chooses 


the SVC configuration with highest compression 
efficiency to minimize the rate and therefore the 
wireless energy. The only mean to further reduce 
the rate, and with it the associated wireless energy, 
is to allow an increased video distortion. Figure 
12 shows the rate-distortion tradeoffs for the 
Mobile sequence at a fixed SVC configuration of 
high coding efficiency (GOP 16 with short delay). 
This way, at the highest compression efficiency 
the only way to reduce the rate is by targeting a 
lower PSNR. 

We exploit the SVC rate-distortion tradeoffs to 
further reduce the total energy consumption. 
The basic idea behind this approach is that the 
video quality can be increased when the cost 
of the wireless energy per bit is low while it is 
decreased when the energy per bit becomes high. 
For this purpose we implement an algorithm that 
maintains the average target video quality constant 
but trades off video quality with rate depending 
on the wireless scenario. 
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At design-time the optimal target quality selec¬ 
tion is computed as follows: 

• Step 1 : we first identify N possible path loss 
scenarios PL. € {PL y ...PL N } , or in other 
words, scenarios of typical wireless energy 
consumption per transmitted bit. From the 
modeling performed in (Mangharam et al, 
2005) we can extract then typical values 
E _bit. for i=l..N where N is the number 
of PL scenarios considered. From statisti¬ 
cal analysis we can also assume a certain 
probability of occurrence for each PL. : 
prob. €E {prob v ..prob N } ■ 

• Step 2: The values for the desired average 

quality Q , minimum required quality Q mm , 
and maximum quality Q m . n: are determined. 
Then the set of possible target quality values 
can be defined as: Q € {2 min ---2 rnax } where 
steps of 1 dB are chosen between consecu¬ 
tive Q values 

• Step 3: Based on the set of possible Path 
loss PL and possible target quality Q we 
will assign an optimal target quality TQ per 
Path loss scenario FT,.. The optimization al¬ 
gorithm is summarized as follows: 

InitializeTQ. = Q mux Vi = I..N While 



TQ. _ temp = TQ. — \dB / * Propose 
a change in target Quality */ 
For i=l:N 


Global. = (^2 (TotE. * prob.)) 
end 
end 

/* Accept the change in target 
quality at that Path loss where 
energy reduction is highest */ 
/ = arg mm(GlobaL) TQ = TQ. temp 
end 


Note that CodingE. and Rate corresponds to 
the optimal SVC configuration k* for the specific 
path loss PL.. 

The presented algorithm can be described as 
follows: 

• The maximum target quality is initially as¬ 
signed to each path loss scenario. 

• Then the algorithm identifies at which path 
loss a quality reduction of ldB leads to the 
highest reduction of total energy. 

• This process is iterated while the desired 
average quality and minimum quality re¬ 
quirements are still met. As a result we ob¬ 
tain a set of {TQ., PL.} Vi = 1 ..N 

The target of the algorithm is to assign lower 
target qualities when the Path loss and wireless 
energy consumption is high and higher target 
qualities when the Path loss is low. This Path 
loss is a function of the distance between mobile 
ter mi nal and access point. In practice, statistics 
about the path loss occurrence probability can be 
gathered at runtime but for simplicity we assume 
equal probability of occurrence for different aver¬ 
age Path loss. 

We next show a practical example of the ap¬ 
plication of the algorithm for optimal target qual¬ 
ity selection described above. Let us assume that 
the set ofpossible Target Qualities is {38.5,37.5, 
36.5,35.5,34.5,33.5}, this is g min =33.5dB, Q max 
=38.5 dB. Moreover, at most 1 dB degradation 
of the initial average video quality (37.5 dB) is 
allowed, this is, Q =36.5 dB. The Path loss takes 
the values in the set { PL ] =70, PL 2 =80, PL 3 =90, 
PL a =100, PL S =105} with identical probability of 
1 

occurrence, this is, Prob. = ~ , where N= 5. 

' N 

The output of the optimal target quality selec¬ 
tion is {7)2, =38.5, 7^ =38.5, 7’g 3 =37.5, TQ 4 
=35.5, TQ S =33.5 } resulting in an average quality 
of g=36.7dB 
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Figure 13. Highest energy reduction achieved by MM-WL-XL with quality control 
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Note that reducing the quality requirements to 
33.5 dB during a path loss of 105 dB (7=5) does 
not have a very noticeable impact on the visually 
perceived quality, as the visual degradation is not 
occurring due to packet errors but only to a coarser 
quantization parameter. 

At run-time, based on the measured wireless 
energy per bit consumption and the estimated 
consumption per path loss scenario E _ bit. it is 
possible to predict the current Path loss scenario 
PL. and set the corresponding target quality 
TQ i . 

Once the new target quality is selected the 
optimal SVC codec configuration is recomputed. 
This is due to the fact that targeting a different 
video quality modifies the video rate range and 
with it the tradeoff between coding and wireless 
energy. Depending on this energy tradeoff a dif¬ 
ferent codec configuration will be optimal for 
energy minimization. 


Energy Savings 

This section presents the results obtained fromns-2 
simulations where a single mobile user transmits 
150 frames of the high rate Calendar & Mobile 
sequence over a WLAN li nk targeting an average 
video quality of 37.5 dB. The wireless energy per 
bit is tracked and averaged every 6 video frames. 
Atthe codec side, changes on the codec configura¬ 
tion are allowed at IDR pictures, which are coded 
every 64 frames. As the video sequence is encoded 
at 30 frames per second, this is equivalent to a 
codec configuration every two seconds. Finally, a 
certain degree of user mobility is considered where 
the user is moving away from the Access Point at 
walking speed. To mimic the user’s mobility, it is 
assumed that the average path loss experienced 
by the user changes every two seconds and takes 
the following values: 70, 80, 90, 100, and 105 
dB. The results presented are averaged over the 
different path loss scenarios. 
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This section compares different transmission 
approaches: the first one being the state-of-the-art 
approach whereno energy minimization is sought. 
Secondly, approaches thattargetthe minimization 
of either wireless or multimedia energy consump¬ 
tion are considered. Finally, the proposed joint 
multimedia-wireless cross-layer approach is also 
shown, where joint minimization of multimedia 
and wireless energy is targeted by exploiting the 
interdependencies and tradeoffs between multi- 
media and wireless tasks. 

This way, Figure 13 shows the wireless and 
coding energy consumption for the transmission 
of the Mobile sequence under the mentioned ap¬ 
proaches: 

• State-of-the-art (SoA): no optimization 
seeking energy minimization is performed. 
A fixed SVC configuration (GOP = 4, 1 
MGS layer, A QP = 6, KP, High Delay) 
with a reasonable compression-complexity 
tradeoff is selected, and this is fixed regard¬ 
less of the transmission scenario. 

• Wireless-centric optimization (WL): seeks 
to minimize the wireless energy. To this 
end, at the codec side the most coding ef¬ 
ficient configuration is selected in order 
to reduce the rate and hence the wireless 
energy. 

• Multimedia-centric optimization (MM): 
targets the reduction of the coding energy. 
This way, the codec configuration that 
minimizes the encoding energy is selected, 
regardless of its impact on the wireless 
energy. 


• Stack-wide Multimedia-Wireless Cross- 

Layer (MM-WL-XL): aims at minimizing 
the sum of coding and wireless energy. To 
do so, according to the approach presented 
previously, the SVC coding configuration 
that minimizes the total energy is selected. 

• Stack-wide Multimedia-Wireless Cross- 

Layer with Quality Control (MM-WL-XL 

+ QC): in addition to the previous ap¬ 

proach, the target video quality is modified 
in order to further reduce the total energy 
consumption. 

The corresponding savings on the total energy 
with respect to the SoA approach are shown in 
Table 2. Results for other video sequences such as 
Foreman and the slow motion Mother & Daughter 
are also given. 

We can see from Figure 13 and Table 2 that the 
approach thatminimizes coding energy disregard¬ 
ing the impact on wireless energy (or vice versa), 
fails to minimize the total energy. This way, the 
MM-centric and WL-centric approaches provide 
at most minor savings or even result in energy 
increase. In contrast, the cross-layer approach, 
which jointly considers the wireless and coding 
energy and their interdependencies, succeeds in 
minimizing the total energy. The savings range 
from 20% to 46% depending on the video con¬ 
tent. On top of this, if the optimal target quality 
is selected based on the wireless consumption 
scenario an additional energy savings is achieved 
reaching savings from 33% to 50.5% on the total 
energy. 

To conclude, Table 3 shows the SVC con¬ 
figurations that are selected in the MM-WL-XL 


Table 2. Total energy savings per approach 



Sequence 

MM-centric 

WL-centric 

MM-WL-XL 

MM-WL-XL + QC 

Saving (%) 

Mobile 

-19% 

- 1% 

20% 

33% 

Saving (%) 

Foreman 

-3.5% 

-10% 

38% 

46% 

Saving (%) 

Mother 

3% 

-11% 

46% 

50.5% 
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Table 3. Optimal SVC configurations and target quality for mobile sequence 


Path Loss(dB) 

GOP size 

QP 

A QP 

D "* y 

Rate (Mbps) 

Coding Energy 

(j) 

Target Quality 

70 

8 

24 

2 

Low 

3.95 

0.69 

38.5 dB 

80 

8 

24 

2 

Low 

3.95 

0.69 

38.5 dB 

90 

16 

30 

6 

Low 

3.31 

0.63 

37.5 dB 

100 

4 

30 

2 

High 

1.65 

1.43 

35.5 dB 

105 

16 

36 

2 

High 

1.51 

1.00 

33.5 dB 


optimization for the transmission of the Mobile 
sequence targeting an average of 37.5 dB for all 
path loss scenarios. Confirming the findings in 
previous section, at a low path loss (70 dB), a 
low complexity codec configuration is selected, 
while at 105 dB, a configuration with high coding 
efficiency is preferred. In addition, the target qual¬ 
ity is adapted to the wireless energy consumption 
scenario, which is closely related to the path loss 
scenario. 


FUTURE RESEARCH DIRECTIONS 

One of the many possible extensions of the pre¬ 
sented optimization approach would be to extend it 
to the multi-user context. In a multi-user scen a rio 
different users may experience differentpathloss, 
different video content and require a different 
target quality. All this causes different tradeoffs 
between wireless and coding energy per user that 
have to be considered when aiming at a global 
energy minimization. Moreover, the available 
bandwidth would be shared among users and the 
selected user’s codec configuration would influ¬ 
ence the transmission conditions of other users. 
In this sense, a distributed context would pose 
bigger challenges than a centralized one. 

In addition, most of the work presented in 
(Katsaggelos & Zhai, 2005), (Gan & Dejonghe, 
2008), (Lu & Wang, 2002), (Lu & Wang, 2003), 
(Lu & Wang, 2007) and (Lan & Tewfid, 2003) 
focuses on uplink scenarios whereas it would be 


interesting to address also downlink scenarios or 
even optimization of uplink (coding and trans¬ 
mission) with downlink (decoding and receiv¬ 
ing) jointly in peer-to-peer scenarios. Moreover, 
other aspects of video encoding, such as error 
resilience coding techniques and adaptive error 
control coding should also be integrated in the 
optimization. 

To successfullyimplementthepresented cross¬ 
layer approach a model of the available tradeoffs 
at the video codec side is required. Such a model 
should be able to predict the energy-rate tradeoffs 
offered by different codec configurations and 
different target video qualities for a variety of 
video content. Obtaining these Rate-Distortion- 
Complexity tradeoffs at design-time could be 
achieved by extensive profiling of a variety of 
codec configurations and video content. However, 
this would be time consuming and the actual 
video content may differ from the modeled ones. 
To address this issue the required model should 
measure at run-time some video features that give 
an indication of the type ofvideo content and based 
on this and the selected configuration predict the 
Rate-Distortion-Complexity tradeoffs. Moreover, 
the profiling performed at design-time should be 
as simple and less time consuming as possible. 
Finally, at run-time some model re-calibration 
should be taken into account. 

On top of this, to be able to tradeoff between 
wireless and coding energy consumption a prac¬ 
tical implementation should allow the measure- 
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ment of the average energy consumption on the 
wireless card. 

To conclude, the presented approach could be 
combined with many other energy reduction tech¬ 
niques such as Dynamic Voltage Scaling (DVS) 
(Mohapatra & Dut, 2007) and Frequency Scaling 
(FS). The exploration of holistic approaches that 
combine these diverse optimization techniques 
remains an open and interesting research path. 

CONCLUSION 

This chapter has presented a cross-layer approach 
that focuses on the joint minimization of coding 
and wireless energy. To do so, the flexibility and 
power-rate-distortion tradeoffs of the Scalable 
Video Codec (SVC) are exploited. By configur¬ 
ing the SVC codec settings in order to optimally 
trade-off coding and wireless energies, savings of 
up to 40% of the total energy consumption can be 
achieved without any video quality loss. If on top 
of this, the video target quality is adapted to the 
wireless energy scenario, savings of up to 50% 
on the total energy can be reached. In practice, 
both the joint cross-layer approach and the target 
quality control approach are implementable on 
any video codec that provides configurations with 
energy-rate tradeoffs. The SVC codec has been 
selected as it provides a wider range in terms of 
energy-rate tradeoffs than other video codecs such 
as MPEG-4 orthe AVC. Moreover, the cross-layer 
approach is based on the sensing of the wireless 
energy consumption and of low complexity. This 
makes it easily deployable and suitable for real¬ 
time implementations. 

In addition, it has been shown that approaches 
that seek to minimize separately coding or wire¬ 
less energy fail to minimize the total energy 
consumption. 
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ABSTRACT 

This chapter describes routing and medium access control (MAC) mechanisms for providing Quality 
of Service (QoS) together with energy savings in wireless ad hoc networks. The proposed mechanisms 
operate in a cross-layer optimization logic, in the direction of either minimizing total energy consumption 
in the network or maximizing network lifetime, while at the same time providing QoS to the end users. 
The authors present a multi-cost routing approach, where various cost parameters and optimization 
functions are defined and used for selecting the paths to be followed. Also, routing and MAC protocols 
are investigated for the case where nodes have variable transmission power capabilities. Finally, the 
performance of the proposed protocols is evaluated and compared to that of other well-known routing 
and MAC protocols. 


INTRODUCTION 

Quality of Service (QoS) mechanisms are important 
for ad hoc wireless networks, especially since they 
determine their ability to support delay-sensitive or 
high-bandwidth applications. Traditional distributed 
algorithms for QoS routing in wired networks may 
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not work well for wireless ad hoc networks, given 
that these networks have mobility characteristics, 
and energy and capacity constraints that are not 
presentinwirednetworks. Since stations in wireless 
networks are usually battery-operated and require 
long operating lifetimes, energy is a crucial resource 
limiting the performance and range of applicability 
of such networks. However, the advances in battery 
lifetime during recent years have not kept in pace 
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with the significant decline achieved in computa¬ 
tion and communication costs in wireless ad hoc 
networks. As a result, the design of routing and 
MAC protocols that make best use of the nodes’ 
energy resources is of outmost importance. 

Anode in a wireless network consumes energy 
when transmitting, receiving, or simply listening 
to the cha nn el. In the transmitting mode, energy is 
spentin two main ways. The first is in the front-end 
amplifier that supplies the power for the actual 
RF transmission (transmission energy), while the 
second is in the node processor that implements 
the various signal processing functions (process¬ 
ing energy). In the receiving mode, energy is 
consumed entirely by theprocessor. Finally, in the 
listening mode, the energy consumed is again due 
to processing operations. However, even in the 
listening mode, the network protocol may require 
a device to emit periodic beacon signals. All of 
the aforementioned modes of operation involve 
all the components (hardware and software) that 
constitute a wireless node. 

Moreover, energy consumption in a wireless 
networkrelates to the higher-level protocols used. 
At the network layer, extensive collaboration is 
required among network nodes, in order to estab¬ 
lish the routes and to secure the resources that are 
necessary to provide to the users the required QoS. 
Most routing protocols proposed to date are based 
on the single-cost (shortest path) approach, where a 
single metric is used to represent the cost of using 
a link. This li nk metric can be a function of several 
network parameters, but it is still a scalar. Rout¬ 
ing algorithms of this kind calculate the path that 
has the minimum cost for each source-destination 
pair, but they cannot optimize the performance 
with respect to general cost functions, and they do 
not easily support QoS differentiation. Also, they 
usually yield only one path per source-destination 
pair, leading to non-uniform traffic and energy 
distribution, and to possible instability problems 
in the network. At the MAC layer, the proposed 
protocols for ad hoc networks have solved several 
problems occurring mainly due to the broadcast 


nature of the wireless medium (for example, the 
hidden terminal problem). However, many ofthese 
MAC protocols do not take into account energy 
and QoS considerations. At the physical layer, the 
transmission power used by the nodes obviously 
affects the energy consumed in the network, since 
the use of large transmission power results in more 
energy expenditure. When the wireless nodes have 
fixed transmission power, independently of the 
receiving node they are trying to reach, they may 
expend an unnecessarily large amount of energy 
and cause unwarranted interference to other nodes 
(when the desired recipient is at a smaller distance 
than the static transmission range used), resulting 
inpacketre-transmissions,andconsequentlymore 
energy expenditure. 

At this chapter we describe cross-layer proto¬ 
cols to reduce energy consumption and support 
QoS differentiation in wireless ad hoc networks. To 
achieve energy savings in the routing procedure, 
the multi-cost routing approach is presented where 
routing decisions are made based on several cost 
parameters, including information provided by 
lower levels (e.g., MAC layer). In particular, a 
cost vector consisting of several cost parameters 
is assigned to each li nk . The cost parameters of 
a link can include many parameters of interest 
(e.g., the hop count, the energy expended by the 
transmitting node, its residual energy, etc). These 
cost parameters are combined in a number of 
different ways, each corresponding to a different 
routing algorithm, in order to select the optimal 
route. Another interesting approach considered is 
the joint multi-cost routing and power control in 
wireless networks, where various cost parameters 
of interest are considered, such as the interfer¬ 
ence caused, the residual energy and the variable 
transmission power of the nodes. This joint multi¬ 
cost routing and power control approach obtains 
energy/interference efficient routes and optimizes 
network performance. Finally, a power control 
MAC protocol is presented where every node by 
using information exchanged during the RTS/CTS 
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frames exchange, computes the minimumrequired 
power for coherent packets’ transmission. 

The rest of the chapter is organized as fol¬ 
lows. In Section 2 we review related routing and 
MAC energy-aware protocols for wireless ad hoc 
networks. In Section 3, new cross-layer energy- 
aware protocols for wireless ad hoc networks are 
presented. In particular, Section 3.1, describes the 
multi-costrouting approach, Section 3.2, describes 
various interference/energy aware routing proto¬ 
cols that are based on the multi-cost approach, and 
Section 3.3 describes a new energy-aware MAC- 
layer power control protocol. The performance of 
the proposed energy-aware protocols is evaluated 
in Section 4. Finally, the conclusions and future 
research directions are pointed out in Section 5. 

BACKGROUND 

In this section several works are presented, in¬ 
vestigating energy and Quality of Service (QoS) 
issues for wireless ad hoc networks. Generally, 
it is accepted that in ad hoc networks there is a 
strong coupling between the different layers of 
the ISO/OSI network model (Ephremides, 2002), 
and the decisions that are made at one layer affect 
the decisions and performance of the protocols at 
the other layers, making cross-layer optimization 
necessary. For this reason in this section we de¬ 
scribe bothrouting and MAC protocols forwireless 
networks. The various works presented however 
are not in any way exhaustive, but indicative of 
the different approaches that can be followed. 

Energy-efficient routing has been considered 
from the perspective of either minimizing the total 
energy consumption or maximizing the network 
lifetime. The work from Singh et al. (1998) is 
one of the first, proposing energy-aware routing 
protocols for ad hoc networks, investigating these 
two optimization goals. These goals are contradict¬ 
ing, since the selection of routes that minimize 
energy consumption, tends to create nodes with 
quite different energy profiles. In this way the 


lifetime of individual nodes is prolonged instead 
of the lifetime of the entire network. On the other 
hand, protocols that increase the network’s lifetime 
tend to overlook performance related parameters, 
such as packet delay, or delay jitter and other. For 
example, these protocols may select a route with 
underutilized nodes than a shortest route. There 
are various definitions of the network’s lifetime; 
it can be defined as the time period until the first 
packet drop due to energy issues occurs, as the 
time until certain percentage of nodes fails, or 
as the time until network partitioning occurs. 
Independently of the optimization goal followed, 
most energy related protocols search for a path 
that minimizes a energy related cost metric. Dif¬ 
ferent works define differently this cost metric. 
Moreover, the various wireless link characteristics 
(e.g., interference) should also be included into 
the links’ cost metrics, since they affect the en¬ 
ergy consumption, e.g., by leading to exhaustive 
retransmission of packets. 

In general, the algorithms that attempt to 
maximize the network’s lifetime, actuallyperform 
load balancing. For example, by distributing the 
network load to all the nodes, all of them consume 
energy at the same rate and eventually run out 
of energy at approximately the same time. This 
may result in longer network lifetime, but also 
may result on less performance efficient routes. 
Chang et al., (2004) propose a protocol where 
the link costs are defined based on the initial and 
residual energy at the transmitting nodes. Toh et 
al. (2001) propose a Min-Max Battery Capacity 
Routing (MMBC) protocol to exclude the energy 
starvingnodes (those having least battery capacity) 
from route selection. Energy-aware algorithms 
that also take into account li nk related parameters 
have also been proposed. Gupta & Das (2002) 
suggest a new cost metric for routing, which is 
a function of the remaining battery level and the 
number of neighbors of a node. Other works have 
focused on the discovery of energy efficient routes 
under the constraint of a fixed end-to-end bit er¬ 
ror rate, or by considering the expected number 
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of retransmissions for reliable packet delivery 
(Younis et al., 2003; Banerjee & Misra, 2002). 
Woo et al. (2001) present the LEAR protocol, 
where a node decides to forward or not traffic 
based on its residual energy. 

The most common technique for minimizing 
energy consumption in the network is minimizing 
the energy consumed when nodes are in transmis¬ 
sion mode or when some nodes are inactive. The 
former is achieved though transmission power 
control, where a node’s transmission power is 
adjusted to the minimum required in order for 
a packet to be successfully received by a neigh¬ 
bour node. The latter goal is achieved by putting 
nodes into sleep mode (e.g., turn-off, hibernate 
etc) when they do not have any data to trans mi t 
or receive. Both approaches have advantages and 
disadvantages. By putting nodes into sleep mode 
large energy savings can be achieved. However, 
this approach is not so efficient when the network 
is under high load, since data delivery can be 
hindered by nodes in sleep mode. This situation 
requires efficient protocols for routing packets and 
disabling (putting into sleep mode) and/or enabling 
(waking up) nodes. Also, by using transmission 
power control a protocol may choose a path with 
many short range links that actually perform worse 
than a path with fewer long-range links, both in 
terms of latency as well as energy consumption. 
For example, a path with many short-range links 
may cause more link errors which result in more 
retransmissions. In the same context, when the 
trans mi ssion power is controllable, the optimal 
adjustment of the power level is essential not only 
for energy conservation but also for the interfer¬ 
ence control. A minimum energy consumption 
protocol is presented in Rodoplu et al. (1998), 
where the link costs are defined based on the 
energy expenditure for unit flow trans mi ssion. 
Ramanathan & Rosales (2000) propose two algo¬ 
rithms for selecting the node transmission power. 
At another work (Chang & Tassiulas, 2000), a 
distributed algorithm is presented, that incorpo¬ 
rates power control in the routing of packets, and 


tries to increase energy consumption at nodes with 
plenty of energy, while reducing consumption at 
nodes with small energy reserves. In ElBatt et 
al. (2000), Li et al. (2007), joint power control, 
scheduling and routing algorithms are presented. 
Also, Stojmenovic & Lin (2001) propose a local¬ 
ized, distributed energy-aware routing protocol, 
which assumes that each node has the location 
information of its neighbours and the destination. 
Using this information the protocol selects the 
next hop, through which the total transmission 
power to the destination is minimized. Also, a 
term usually encountered in this context is topol¬ 
ogy control (Burkhart et al. (2004)), where the 
goal is to maintain a connected topology using 
the minimum power. Span (Chen et al. 2001) is 
a distributed, randomized algorithm where nodes 
make local decisions on whether to sleep, or to 
join a backbone infrastructure. 

As mentioned, cross-layer optimization is 
necessary for achieving energy efficiency in 
wireless ad hoc networks (Ephremides, 2002). 
In particular, the transmission power control 
and the nodes’ sleep mode capabilities, relate 
to lower layers of the ISO/OSI model and the 
corresponding routing protocols use MAC layer 
mechanisms for implementing these operations. 
Also, several energy efficient MAC protocols 
have been proposed. These MAC protocols alter 
the trans mi ssion powers of the nodes as a means 
to reduce the energy consumption. Agarwal et 
al. (2001) propose a scheme where power con¬ 
trol is incorporated in the MAC layer by using 
the RTS-CTS-DATA-ACK sequence to reach 
an agreement on the transmission power to be 
used. Also, Jung & Vaidya (2005) proposed a 
power control MAC protocol for mobile ad hoc 
networks that allows nodes to vary their transmis¬ 
sion power on a per-frame basis. The main idea 
in this scheme is to use different power levels 
for RTS/CTS and DATA/ACK frames transmis¬ 
sions so as to save energy. A Power Controlled 
Dual Channel MAC protocol was proposed by 
Muqattash & Krunz (2003), where the MAC layer 
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indirectly influences the routing decisions at the 
network layer by controlling the power level of the 
broadcasted route request packets. The potential 
benefits of adjusting the trans mi ssion power are 
also considered by ElBatt et al. (2000), where the 
authors investigate the effects of power adjust¬ 
ment on the average power consumption and on 
the end-to-end throughput in a wireless ad hoc 
environment. Finally, Ye et al. (2003) propose a 
MAC protocol, where nodes form virtual clusters 
based on common sleep schedules to reduce the 
control overhead and enable traffic-adaptive 
wake-up capability. Each node bases its decision 
on an estimation of how many of its neighbours 
will benefit from it being awake and the amount 
of energy available to it. 

Different energy related approaches have also 
been proposed. In Gupta & Das (2002) network 
clustering is used and the manager of each cluster 
is chosen as the least energy constrained node. 
Network models that assume energy recharging 
capabilities have also been considered in Rahimi 
et al. (2003). The selection of multiple energy ef¬ 
ficient paths for a given source-destination pair 
has been proposed by Shah & Rabaey (2002). 

Also, very few of the previously described 
algorithms include (at least directly) performance 
related parameters in their formulations, like delay, 
number of hops and other. In this way Quality 
of Service (QoS) cannot be achieved. For some 
energy related algorithms (Singh et al. (1998) 
and Toh et al. (2001)), it has been observed that 
it may not be necessary for the energy related 
algorithm to be used all the time. Instead, other 
routing protocols (e.g., a shortest path algorithm) 
can initially be used. After some time or after 
the nodes consume a predefined amount of their 
energy reserves, an energy-aware algorithm can 
be used. Another approach would be to route 
some packets (e.g., based on their priority) with 
energy-aware algorithms and some other packets 
with a shortest path algorithm. Incorporating 
performance related parameters in the links’ cost 
metrics is also another approach. 


In general, most of the proposed (energy ef¬ 
ficient or not) routing algorithms are single-cost 
and incorporate into a single li nk metric various 
different and completely diverse parameters. In 
single-cost routing one or more parameters (link 
characteristics) are combined in a single-cost 
metric characterizing the link. However, in this 
case the path’s final cost value does not indicate 
almost anything about the values of the path’s 
constituent parameters. For example, in the end 
we cannot be certain whether the values of par¬ 
ticular parameters (e.g., load, delay) are above 
a predefined threshold, except if we rerun the 
algorithm once for each parameter. In this way 
it is not possible to provide Quality of Service 
(QoS) and this is the reason the multi-constraint 
and multi-cost approaches have been considered. 
These approaches better captures the meaningful¬ 
ness of each cost parameter by considering it for 
the whole path than for a single link. Also, opera¬ 
tors like minimization (restrictive parameters) and 
maximization (maximum representative param¬ 
eters) can be used, something that is not possible 
in the single-cost approach. Multi-constrained 
routing algorithms have also been investigated, 
especially for wired networks in order to provide 
QoS (Chen & Nahrstedt, 1998; Jafee 1984; Kork- 
maz & Krunz, 2001; Mieghem & Kuipers, 2004; 
Wang & Crowcroft, 1996). Finding paths subject 
to two or more cost parameters/constraints is in 
most cases an NP-complete problem (Yuan & 
Fiu, 2002; Garey & Johnson, 1979). As a result, 
most algorithms proposed in this area concentrate 
on solving the Multi-Constrained Path (MCP) 
problem or the Multi-Constrained Optimal Path 
(MCOP) problem in a heuristic and approximate 
way with polynomial and pseudo-polynomial- 
time complexities, paying little attention to the 
parameters/costs used and their effects on network 
performance. The multi-constrained problem has 
been less studied in the context of wireless ad hoc 
networks, even though these networks have im¬ 
portant reliability, energy and capacity constraints 
that are not present in wired networks. Wang & 
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Crowcroft (1996) propose a probabilistic model¬ 
ling of the li nk state for wireless sensor networks, 
and propose an approximation of a local multipath 
routing algorithm to provide soft-QoS under delay 
and reliability constraints. At another work (Huang 
& Fang, 2006) a multi-constrained QoS routing 
algorithm for mobile ad hoc networks is proposed 
that uses simulated annealing. Liu & Feng (2007) 
present an algorithm based on depth-first-search 
that solves the general ^-constrained MCP prob¬ 
lem with pseudo-polynomial time complexity. At 
other works (Badis & Agha, 2007; Perkins et al, 
2000), well-known routing algorithms for ad hoc 
networks, are extended to support QoS through the 
usage of multiple constraints. These algorithms 
focus on the bandwidth and delay constrained 
routing problem. A QoS routing scheme for ad 
hoc networks that uses flooding is proposed by 
Perkins et al., (2000). The idea of multi-cost rout¬ 
ing, which is a generalization of multi-constrained 
routing, was presented by Gutierrez et al. (2000) 
where it was applied to wireline max-min fair share 
networks. Some of the ideas concerning multi-cost 
routing in wireless ad hoc networks are scattered 
over our previous works (Kokkinos et al., 2005; 
Papageorgiou et al., 2006) and are presented here 
coherently and more structured. 

It is self-evident that it is difficult to compare 
directly the various presented approaches, since 
each approach has different goals and may work 
better under different conditions. However, we can 
draw some basic remarks. Energy preservation 
should not be performed without considering also 
the performance requirements of the packets and 
of the corresponding applications. The single-cost 
approach is not the solution to this problem, since 
in this way the significance of each parameter is 
lost in the final cost value of a candidate path. 
Instead, the multi-constrained and the multi-cost 
approaches seem the most appropriate ones. Fi¬ 
nally, the energy and performance/QoS related 
issues must be handled in all the layers of the ISO/ 
OSI network model and in particular in the routing 


and MAC layers, either jointly or disjointly. The 
algorithms presented next, are consistent with 
these basic remarks. 


ENERGY AWARE PROTOCOLS FOR 
WIRELESS AD HOC NETWORKS 

We are interested in the design of energy aware 
MAC and routing protocols for wireless ad hoc 
networks that also provide Quality of Service 
(QoS) differentiation to the users. As it was 
stated in Section 2, cross-layer optimization is 
a principle which should be followed during the 
design of energy efficient and QoS protocols for 
wireless networks. 

In the routing procedure, the wireless nodes 
forward, in addition to their own packets, data or 
control packets generated by other nodes. Many 
routing protocols compute the paths using as selec¬ 
tion criterion the minimization of the hop-count. In 
this case some nodes may endup getting consider¬ 
ably more traffic than other nodes and may soon 
run out of energy. As a result the network may 
become disconnected, even though many nodes 
with sufficient energy still exist. Even when the 
network does not become disconnected, the lack of 
sufficient energy at some nodes may force future 
packets to take very long paths. A better strategy 
is to select the paths to be followed taking into 
account, in addition to the number ofhops, various 
energy parameters, such as the transmission power 
and residual energy of the nodes.. Furthermore, 
the traffic should be routed so that the energy 
consumption is balanced among the nodes, that is, 
so that the variance of the nodes’ energy reserves 
is minimized. The goal is to make the network 
operational for as long as possible before it gets 
partitioned, by increasing the lifetime of the nodes. 
In any case, the routing algorithm must not only 
take into account the interests of a particular ses¬ 
sion, but the overall performance of the network 
and the quality of the communication, which are 
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the actual goals. The routing protocols proposed 
to date are based on the single-cost (shortest path) 
idea, where a single metric is used to represent 
the cost of using a link. This link metric can be 
a function of several network parameters, but it 
is still a scalar. Routing algorithms of this kind 
calculate the path that has the minimum cost for 
each source-destination pair, but they ca nn ot 
optimize performance with respect to general 
cost functions, and they do not easily support 
QoS differentiation. Also, they usually yield only 
one path per source-destination pair, leading to 
non-uniform traffic and energy distribution, and 
possible instability problems in the network. 

To overcome these problems we introduce 
the multi-cost routing approach for wireless ad 
hoc networks. In the multi-cost routing approach 
proposed, a cost vector V l consisting of several 
cost parameters is assigned to each link l. A cost 
vector can then be defined for a path by combin¬ 
ing component-wise the cost vectors of its links, 
according to some associative operator. The multi¬ 
cost routing algorithms that we propose consist of 
two phases: they first compute a set of candidate 
non-dominated paths (to be defined later) for a 
given source-destination pair, and then they select 
the path that minimizes a certain optimization 
function. Different optimization functions give 
rise to different routing algorithms. The function 
to be optimized is chosen based on the interests 
of the network, but it may also depend on the 
user QoS requirements. So multi-cost routing 
supports service differentiation for sessions with 
varied QoS requirements (in the performance 
results presented, however, we assume a single 
QoS class). Finding the optimal path for a differ¬ 
ent QoS class does not require the recalculation 
of the set of non-dominated paths, but only the 
application of the new QoS metric on the non- 
dominated paths already found. The multi-cost 
algorithms are optimal, in the sense that they can 
optimize any desired function of the parameters of 
interest, provided that the optimization function is 


monotonic in each of these parameters. Multi-cost 
routing, can be considered as a generalization of 
the multi-constrained routing considered in earlier 
works mainly in the context of wired networks. In 
the multi-constrained routing problem, a constraint 
is specified for each of the cost parameters of a 
path and the target is to find paths that satisfy all 
the constraints. In the multi-cost routing problem 
there are no constraints and the target is to find 
paths that are better than all other paths for all 
or some of the cost parameters, based on the 
optimization function used. Multi-cost routing is 
therefore, a generalization of multi-constrained 
routing, in the sense that the latter case can be 
obtained from the former case, by choosing the 
function to be optimized so as to have infinite 
cost at the constraint points. 

At the MAC layer, the strategies followed by 
many protocols can also affect the total energy 
consumed and cause many problems, possibly 
resulting in low network throughput. The usage of 
the RTS/CTS/ACK frames has solved many nega¬ 
tive issues causedby the hidden terminal problem. 
However, this approach negatively impacts the 
cha nn el utilization by completely disallowing 
concurrent transmissions over the reserved floor, 
resulting in a degraded overall QoS. Consider for 
example Figure 1, where node A wants to transmit 
some data packets to node B. Node A initially 
sends a RTS frame to node B and node B replies 
to node A with a CTS frame. As nodes C and D 
hear B’s CTS frame, refrain for transmitting. Al¬ 
though, it is clear that both transmissions A—>B 
andC—>D couldinprincipletakeplace simultane¬ 
ously without causing interference to each other, 
these transmi s sions are not permitted due to the 
reception of the CTS frames by the nodes C and 
D. This reduces the maximum throughput that 
can be achieved, and also increases the energy 
consumption in the network. In particular, since 
the energy consumption is straightforwardly re¬ 
lated to the trans mi ssion power, then the energy 
consumed by the nodes is usually more than the 
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Figure 1. The transmission floor of the RTS and CTS packets is illustrated with solid lines. Dashed 
lines illustrates that both transmissions A—>B and C—>Z) could in principle take place simultaneously 
without interference 



required, in the case where fixed transmission 
power is used and the distance of the intended 
receiver is smaller than the trans mi ssion range 
of the transmitter. 

As a result, the necessary modifications are 
needed at the MAC-layer to overcome these 
problems. A solution would be to permit to the 
nodes receiving a RTS or CTS frame to make a 
packet transmission, if certain conditions are ap¬ 
plied, if for example, the interference caused by 
these transmissions is not large enough to cause 
a packet collision. Also, the use of power control 
techniques can reduce the unnecessary energy 
consumption that can be observed in wireless ad 
hoc networks. In particular, using these techniques, 
the nodes can adjust their transmission powers to 
the minimum required, minimizing in this way 
the energy consumed in the network compared to 
the case where fixed transmission power is used. 
Power control techniques can also be combined 
with routing algorithms, reducing in this way the 
energy consumption and increasing the achieved 
throughout in the network. 


The Multi-Cost Routing Approach 

In multi-cost routing, each li nk of the network is 
assigned a cost vector consisting of several cost 
parameters. The cost vector of a path is obtained 
from the cost vectors of the links that comprise 
it by applying, component-wise, a monotonic as¬ 
sociative operator to each cost vector parameter. 
The parameters that may be included in the path 
cost vector are categorized by the way they are 
obtained from the link cost vectors, that is, by 
the associative operator used for each cost vector 
component, and by the criterion applied to them 
(maximization or mini miz ation) to select the 
optimal path. To be more specific, we denote by 
v i = ( v i/A 2/ v .v k/ ) the link cost vector of link l, by 
V(P) = (V v V 2 , V k ) the cost vector of the path 
P that consists of links /= 1,2,... ,L and by f( V) the 
optimization function that has to be minimized in 
order to select the optimal path. The cost vector 
V( P) = (F i5 V 2 , ..., V k ) of a path P consisting of 
links l=\,2,...,L is then obtained from the cost 
vectors of the links that comprise it by applying 
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component-wise a monotonic associative operator 
® to each cost vector parameter: 

V m = <,v m/ (1) 

The associative operator may be different for 
different cost vector components. For example, 
the m -th parameter of the cost vector may be of 
one of the following types: 

• additive cumulative, where 

V m =tv mI >0 ( 2 ) 

and / is monotonically increasing in F m (so our 
objective is to minimize F ), 

• restrictive, where 

V m = min /=1 L {v ml } (3) 

and / is monotonically decreasing in F m (so our 
objective is to maximize F m ), and 

• maximum representative, where 

V m = max /=1 L {vJ (4) 

and / is monotonically increasing in V m (so our 
objective is to minimize F ). 

Additive cumulative parameters include sev¬ 
eral important cost measures used in practice. 
For example, if v ml is the delay on link /, then F m 
represents the delay of the path, which in most 
practical situations has to be minimized. If v ml = 1 
for all links l, then F m corresponds to the number 
of hops on the path. Since paths that use a small 
number of links are more economical in terms of 
resource utilization, it is natural to assume that the 
cost function/is an increasing function of F m . If 
v ml is the energy consumed on link l of a wireless 
network, then F m represents the energy consumed 


for transmitting a packet on the path, which has to 
be minimized. Another interesting case arises when 

v m| G [0,1] represents the probability that link l is 
operational, and V m = is the probability that 

all links on a path are operational (assuming links 
fail independently of each other). For the routing 
algorithm to favor reliable paths, the cost function/ 
should be a decreasing function in F . This problem 
can be reduced to a problem involving cumulative 
additive components by defining new cost com¬ 
ponents v' m] = — lxxv j,.,,, v ' , = — In y , where 
v' ml > 0. Then maximizing the reliability F m of a 

path is equivalent to minimizing V m = ^ v ml . 

Restrictive cost parameters appear in routing 
problems when capacities or transmission rates 
are considered. In particular, if v ml is the avail¬ 
able capacity on link l, then F m = min ;=1 / {v m| } 
represents the capacity of a path, defined as the 
m in imum of the capacities available on the links 
ofthe path. For the routing algorithm to favor less 
congested paths, the cost function/ should be a 
decreasing function of F . Another interesting case 
arises when v ml represents the remaining energy 
at the transmitting node of link l, in which case 
F m represents the minimum energy available over 
all nodes of a path, which in most practical cases 
we want to maximize. 

An example of a maximum representative 
parameter is the case where v m| is the energy 
consumed for transmitting a packet on link /, 
in which case F m = max /=| y { v m| } represents 
the most energy-expensive transmission on the 
path. Another example is the case where v , is 
the Bit Error Rate (BER) on link /, in which case 
F m = max /=1 ; {v m| } represents the link with the 
highest BER on the path, which is often a good 
approximation of (or at least ofthe same order of 
magnitude with) the path BER. 

It is important to note that the path that op¬ 
timizes f(V^V 2 ,...,V k ) is not in general the same 
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with the path that optimizes ^2 f(v u , v 2l ,..., v kl ) 
indicating that multi-cost routing is a generaliza¬ 
tion of single-cost (shortest path) routing. Also, in 
contrast to single-cost routing, multi-cost routing 
is not always compatible with distributed routing, 
since for some choices of the cost function/the 
optimal paths do not have the inclusion property 
that (found with single-cost routing) shortestpaths 
have. These show that multi-cost routing is very 
different from single-cost routing both in terms of 
the decision it takes and the way it is implemented. 
A detailed comparison between single-cost and 
multi-cost routing is done in Section 3.2.3. 

A multi-cost routing algorithm consists of 
two phases. In the first phase, an enumeration of 
an appropriate set of candidate paths for a given 
source-destination pair is performed. In the sec¬ 
ond phase, the optimal path is chosen from this 
set according to the optimization function /(V) 
used. The set of candidate paths that a multi-cost 
routing algorithm produces at the end of the first 
phase consists of the so called non-dominated 
paths. These are paths for which it is impossible 
to find other paths that are better with respect 
to one cost parameter (of their cost vectors) 
without being worse with respect to some other 
cost parameter. This reduces to a large extent 
the algorithm’s computational effort, since the 
optimization function does not need to be applied 
to every possible path between a certain source- 
destination pair. An example of the enumeration 
of the non-dominated paths is given in Figure 2, 
where an additive cumulative parameter h and a 
restrictive parameter R are assumed. The final 
cost of a path is given by a function/(V) of its 
cost vector V, and the routing algorithm selects 
the path with the minimum cost from the set of 
non-dominated paths. 

An algorithm that obtains the set of non- 
dominated paths is presented by Gutierrez et all 
(2000), which can be viewed as a generalization of 
Dijkstra’s algorithm. In each round, the algorithm 
discovers new non-dominated paths between a 


source node and one of its neighbours or between a 
source node and one of the neighbours of a previ¬ 
ously considered neighbour. The discovered paths 
optimize the first cost parameter, while in case of 
a tie, the second parameter is checked, and so on. 
These paths are added to the non-dominated set 
and the cost vectors for all the paths of the net¬ 
work that have common links with the discovered 
paths are updated accordingly. Next the paths in 
the set (either newly discovered, or found earlier 
in the process) that are found to be dominated 
are discarded and are not considered further. The 
algorithm is completed when there are no more 
paths to be checked. The basic difference of this 
algorithm with Dijkstra’s algorithm is that a set of 
non-dominated paths between a source node and 
a destination node is obtained, instead of a single 
path. Also, a destination node for which a path 
has already been found may have to be considered 
again later. The result of this process is a set of 
non-dominated paths from a given origin node to 
each other node of the network. When the origin 
node has to transmit a packet to a destination node, 
the optimization function is applied to each path 
in the set of non-dominated paths, and the path 
with the minimum cost is chosen. The preceding 
algorithm results in a set of non-dominated paths 
from a given source node to any other node of the 
network. When the source node wants to trans mi t 
a packet to a destination node, then an optimiza¬ 
tion function is applied to every path in the non- 
dominated set, and the path with the minimum 
cost is chosen. 

Energy and Joint Interference/Energy 
Aware Multi-Cost Routing Algorithms 

At this section various energy and joint interfer¬ 
ence/ energy-aware multi-cost routing algorithms, 
for wireless ad hoc networks are presented. First, 
the cost parameters used by the multi-cost rout¬ 
ing algorithms are defined, and then the various 
optimization functions of every algorithm, are 
described. 
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Figure 2. Enumeration of the set of non-dominated paths, for the case of two cost parameters. Each dot 
represents the cost vector of a path. The parameters of this vector are an additive cumulative parameter 
h (representing, for example, the number of hops or the delay of the path) and a restrictive parameter 
R (representing, for example, the minimum residual energy on the nodes of the path or the available 
capacity on the path), (a) The set of all paths, (b) Obtaining the non-dominated paths, (c) The set of 
non-dominated paths; paths that have both larger R and smaller h than some of the other paths that 
have been discarded 
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Cost Parameters 

The cost parameters used by multi-cost routing 
algorithms can vary depending on the criteria 
optimized. In the case of energy-aware multi¬ 
cost routing, we propose the following cost 
parameters: 

• The number of hops h of a path. The asso¬ 
ciative operator © used in this case is the 
addition: 

h = J2 h i=j ( 5 ) 

where h=l for all links l. The number of hops h 
of a path is obtained by counting the links that 
belong to it. Paths with a small number of hops 
are generally preferable to longer paths. 

• The minimum residual energy R of a path. 
Here we use the residual energy /? ; at the 
transmitting node of li nk l as the link cost 
metric. The minimum residual energy on 


the path is then obtained by applying the 
minimization operator to the link cost met¬ 
rics to obtain: 

R = min /=1 (6) 

The minimum residual energy R indicates the 
degree to which a path is energy-critical. Paths 
with large minimum residual energy are gener¬ 
ally preferable. 

• The sum T ] or the maximum T of the 
transmission powers used by the nodes on 
a path. If we denote by T [ the transmission 
power required for correct reception over 
li nk l, then T ] is obtained by combining the 
li nk metrics using the additive operator, 
while T x is obtained by combining the link 
metrics using the maximization operator: 

T i=i2 T i w 


145 













QoS and Energy Saving Routing and MAC Mechanisms for Wireless Networks 


or 

T x = max /=1 . 7] (8) 

Paths with small values of T ] consume little to¬ 
tal energy, and are therefore preferable. Similarly, 
paths with small values of T avoid energy-critical 
nodes and are also preferable. 

For the case of the joint interference/energy- 
aware multi-cost routing we assume that the 
nodes can adjust their transmission power to the 
minimum required for the efficient communica¬ 
tion with the target nodes. Moreover, except the 
previously described cost parameters, new cost 
parameters are defined which take into account 
the interference caused by the trans mi ssions: 

• The total interference I v or the maximum 
interference b x caused by using a path. 
Similar to the work by Burkhart et al 
(2004), we define the interference /, caused 
by using link l as the number of nodes 
(other than the transmitter and the receiv¬ 
er) that are within the tran smi ssion range 
of the end nodes of li nk l. If we denote the 
distance between the transmitter a and the 
receiver b of link l = (a,b) as | a, b|, then: 

/, = I m m |fe G F,|fey|< \a,b\ |a,ft|}| - 2 

( 9 ) 

Of course one could suggest that some of the 
neighbours of nodes a and b may be inactive; 
however the metric assumes of the worst case sce¬ 
nario where all nodes are active and can transmit 
at any time. Also in our metric we count the nodes 
that are within the transmission range of both the 
transmitter and the receiver and not only those of 
the transmitter. This is consistent with the RTS/ 
CST mechanism of the 802.11 protocol we use, 
which informs and deters from transmission the 
neighbouring nodes ofboth ends of a link. The total 


interference or the maximum interference I x 
caused by using a path is obtained by employing 
the additive or the maximization operator, respec¬ 
tively, for combining the interference metrics of 
the links on the path: 

/,=:£/, (io) 

or 

= max j=1 . I t (11) 

Paths that create little total interference 7) or 
little maximum interference / are generally 
preferable. 

Optimization Functions - Algorithms 

The aforementioned cost parameters can be 
combined in different ways to produce various 
multi-cost routing algorithms. All of them select 
the path P with the minimum cost returned from 
the corresponding function. In the case of the 
energy-aware multi-cost routing, the optimization 
functions examined, generally try to select paths 
that have a small number of hops, consume little 
energy and pass through nodes that have large re¬ 
sidual energy. In the case of the joint interference/ 
energy-aware multi-cost routing, the optimization 
functions examined generally try to select paths 
using the same criteria as before, plus one new, that 
is choosing paths which cause little interference. 
The optimization functions presented (that in fact 
correspond to different optimization algorithms), 
differ in the relative importance they give to these 
metrics. We examined a number of different opti¬ 
mization functions, the most interesting of which 
are the following: 

• Minimum-Hop algorithm: The optimiza¬ 
tion criterion is the number of hops h on 
the path P. 
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min^ h(p) (12) 

• MAX/MIN Energy algorithm: The optimi¬ 
zation criterion is the ratio of the maximum 
of the transmission powers of the nodes on 
path P, over the minimum amount of re¬ 
sidual energy at the nodes of the path, 


SUM/MIN Energy-Half-Hop algorithm: 
The optimization function is as in the 
SUM/MIN Energy-Hop algorithm, but uses 
yJh(P) instead of h(P) in the product: 


TJP) 

P R(P) 


(13) 


SUM/MIN Energy algorithm: The optimi¬ 
zation criterion is the ratio of the sum of 
the transmission powers of the nodes on 
path P, over the minimum residual energy 
at the nodes of the path: 


TfP) 

n n - 

p R(P) 


(14) 


MAX/MIN Energy-Hop algorithm: This al¬ 
gorithm is a hybrid between the Minimum- 
Hop and the MAX/MIN Energy algo¬ 
rithms. The cost criterion optimized is the 
product: 


min p - 


R( p ) 


(18) 


Minimum Interference algorithm: 
The criterion optimized is the sum of 
the interference of all the links on the 
path: 


min p IfP) (19) 

° Minimum Transmission Power algo¬ 
rithm: The criterion optimized is the 
sum of the transmission powers of the 
nodes on the path: 

min p f(P) (20) 


min,. 


h(P)-TJP) 

R(P ) 


(15) 


SUM/MIN Energy-Hop algorithm: This al¬ 
gorithm is a hybrid between the Minimum- 
Hop and the SUM/MIN Energy algo¬ 
rithms. The cost function optimized is the 
product: 


min 


mrxi (16) 

' m 

MAX/MIN Energy-Half-Hop algorithm: 
The optimization function is similar to that 
in the MAX/MIN Energy-Hop algorithm, 


but uses \jh(P) instead of h(P), in order 
to give a smaller dependence on the cost of 
the number of hops: 


SUM/MIN Energy-Interference al¬ 
gorithm: The optimization that takes 
place is: 


min,. 


T x (P)-f(P) 

R(P) 


( 21 ) 


which tends to select paths that cause small total 
interference, use low total transmission power, 
and pass through nodes that have large energy 
reserves. 


SUM/MIN Energy-Half-Interference algo¬ 
rithm: The function optimized is similar 
to the one used in the SUM/MIN Energy- 
Interference algorithm, but has a smaller 
dependence on the interference metric: 
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t(p)-JJ7p) 

IV y v iV ) ( 22 ) 

SUM/MIN Energy-Interference-Half Hop 
algorithm: The optimization function is 
equal to the SUM/MIN Energy-Interference 
function, multiplied by yjh(P) so as to dis¬ 
courage, to a certain extent, the use of long 
paths: 


Jh(P) ■ TAP) ■ IfP) 

• N \ ) A ) A > (23) 

' i?(P) 

SUM/MIN Energy-Half-Interference-Half 
Hop algorithm: The optimization func¬ 
tion used is equal to that in the SUM/MIN 
Energy-Half-Interference algorithm, mul¬ 
tiplied by ^h(P ): 

MAX Interference algorithm: The function 
optimized is the maximum of the interfer¬ 
ences of the links on the path: 


min p I JP) (25) 

• MAX/MIN Energy-Half-Interference algo¬ 
rithm: The optimization function is simi¬ 
lar to that in the SUM/MIN Energy-Half- 
Interference algorithm, except that the 
transmission power and the interference 
are used as maximum representative in¬ 
stead of additive cost metrics: 


min p 


TJP)- 


m 


(26) 


MAX/MIN Energy-Half-Interference-Half 
Hop algorithm: The optimization function 
is similar to that in the SUM/MIN Energy- 
Half-Interference-Half Hop algorithm, ex¬ 
cept that the transmission power and the 


interference are used as maximum repre¬ 
sentative instead of additive cost metrics: 


Jh(P)-T x (P)-JlJP) 

p m 


(27) 


Optimization functions (12)-(18) are used for 
the energy-aware multi-cost routing algorithms, 
while equations (19)-(27) are used for the joint 
interference/energy-aware multi-cost routing 
algorithms. In what follows, we will refer to func¬ 
tions MAX/MIN Energy and SUM/MINEnergy as 
Energy functions and to the corresponding routing 
algorithms as Energy algorithms, while we will 
refer to the MAX/MIN Energy-Hop and the SUM/ 
MIN Energy-Hop functions as Energy-Hop func¬ 
tions and to the corresponding routing algorithms 
as Energy-Hop algorithms. Also, we will refer to 
the functions SUM/MIN Energy-Interference and 
SUM/MIN Energy-Half-Interference as Energy- 
Interference functions, and to the corresponding 
routing algorithms as Energy-Interference algo¬ 
rithms. For the sake of brevity, we will also refer 
to the functions SUM/MIN Energy- Interference- 
Half- Hop and SUM/MIN Energy-Half-Interfer¬ 
ence- Half Hop as Mixed functions and to the 
functions MAX/MIN Energy- Half- Interference 
and MAX/MIN Energy- Half- Interference- Half 
Hop as MAX/MIN functions. 

Based on the definition of the various cost 
parameters at Section 3.2.1, it is obvious that the 
cost parameters h, 7) and f are additive metrics, 
while the R, T and / are concave. According 
to Wang & Crowcroft (1996), the complexity of 
any optimization function using at least two addi¬ 
tive metrics is exponential, except from the case 
where one of the two metrics is the hop count. 
Also, when one additive and one concave metric 
are used, then the complexity of the algorithm 
using the corresponding optimization function is 
polynomial. As a result some of the SUM/MIN 
( Energy-Interference and Mixed) algorithms are 
exponential, while all the other algorithms (e.g., 
Energy, Energy-Hop) are polynomial. One of 
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the main reasons we examine both additive and 
concave metrics is that additive metrics usually 
result in somewhat better performance but longer 
algorithmic complexity, while the opposite is true 
for concave metrics. 

In all cases, the algorithms first find the set of 
non-dominated paths with cost parameters ( h , T,R) 
(for the case of energy-aware multi-cost routing), 
or ( h,T,R,I) (for the case of joint interference/ 
energy-aware multi-cost routing) and then use the 
corresponding optimization function/^,T,i?) (for 
the case of energy-aware multi-cost routing) or 
fih, T,R,1 ) (for the case ofjoint interference/energy- 
aware multi-cost routing) to select the optimal 
path. In other words the process of computing 
the set of non-dominated paths is common to all 
algorithms and the selection of the optimal path 
is done at the end in a way that is different for 
each of the algorithms proposed. The function to 
be optimized at the last step may depend on the 
QoS requirements of the user. The optimization 
functions considered penalize paths that use a 
large number of hops, or consume a large amount 
of energy, or pass through nodes that have small 
energy reserves, or pass through links that cause 
large interference, differentiating however from 
each other by giving different importance to each 
of these parameters. 

Multi-cost vs. Single-cost Routing 

Multi-cost routing should not be confused with 
and is more general and powerful than single¬ 
cost routing. In single-cost routing one or more 
parameters (link characteristics) are combined 
in a single-cost metric characterizing the link. 
Multi-cost routing optimizes f(V l ,V 2 ,...,V k ) where 
V m = ®' l=] v ml , which is different than optimizing 

L 

E/fw-.v,) as single-cost routing does. 
The paths discovered by multi-cost routing are 
optimal for the specific optimization function 
f which is not always the case with single-cost 


routing, except from linear optimization functions. 
Multi-cost routing better captures the meaning¬ 
fulness of each cost parameter by considering it 
for the whole path than for a single link. Also, in 
the multi-cost approach operators like minimiza¬ 
tion (restrictive parameters) and maximization 
(maximum representative parameters) can be used, 
something that is not possible in the single-cost 
approach. For example, consider the SUM/MIN 
Energy-Hop multi-cost algorithm that uses the 
optimization function 


, s TAP) 

up ). eee 

V ’ R(P) 


(28) 


and compare it to the single-cost algorithm that 
uses the cost metric 


Vf P9) 

for link (ij), where h [ equals 1. Using the network 
ofFigure 3 itcanbe shown that these algorithms se¬ 
lect different paths, for a given source-destination 
pair, even though they use the same parameters 
and in similar way. 

The example ofFigure 3 also shows that the 
inclusion property does not hold for multi-cost 
routing. This property states that every subpath of 
an optimal (shortest) path is an optimal (shortest) 
path. In the network of Figure 3 and the SUM/ 
MIN Energy-Hop algorithm, the optimal path for 
the A, D source-destination pair is path (A, B, C, 
D), while for the B, D source-destination pair it 
is path (B, D) and not (B, C, D); therefore, the 
inclusion property, which is true for single-cost 
routing, does not hold in general for the optimal 
paths produced by multi-cost routing. This also 
shows that the distributed implementation of 
multi-cost routing is not possible for some op¬ 
timization functions, since intermediate nodes 
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Figure 3. Example network for the use of the various cost optimization functions 



(1. 3, D 


may not choose the paths originally intended by 
the source node. 

Multi-cost routing supports service differentia¬ 
tion for sessions with different QoS requirements, 
where each optimization function can be thought of 
as representing a different QoS class. For example, 
if both delay and energy are important for the ses¬ 
sion, then we may use the Energy-Hop algorithm, 
while if only energy is important, we may choose 
the Energy or the Energy-Half-Hop algorithms. 
Finding the optimal path for a different QoS class 
does not require the recalculation of the sets of 
non-dominated paths, but only the application of 
the corresponding optimization function on the 
sets of non-dominated paths already found. In the 
single-cost approach each path is characterized 
by a single scalar, which is the sum of the scalar 
costs that characterize each link of the path. In 
order to find the optimal path for a different QoS 
class, a different cost metric has to be applied to 
every link of the network and the shortest paths 
need to be recalculated. 

The Slow Start Power 
Control MAC protocol 

In this section we turn our attention to the MAC 
layer, and present an energy-aware power con¬ 
trol MAC protocol, called the Slow Start Power 
Controlled (SSPC) protocol. One of the main 
characteristics of the SSPC protocol is the usage 


of the slow start principle for the calculation of 
the minimum required power for the packets’ 
transmission. The nodes in the network, by using 
the slow start technique do not have to know the 
topology of the network, nor the channel condi¬ 
tions, in order to compute the minimum required 
DATA frames transmission, while in parallel the 
power consumed in the network is kept to the 
mi ni mum required. The motivations that lead us 
to design a power control MAC protocol with 
a slow start principle were the need to keep to 
the minimum possible degree (i) the power con¬ 
sumption in the network without degrading the 
network’s Quality of Service and (ii) the overhead 
in order to incorporate the SSPC protocol in the 
IEEE 802.11 standard. 

The SSPC protocol has two main advantages 
over the IEEE 802.11 protocol: (i) the energy 
consumed and the trans mi ssion floor reserved is 
close to the minimum required, (ii) the CTS frame 
silences only those nodes that are going to cause 
to the transmitter of the CTS frame interference 
greater than its interference tolerance, enlarging 
in this way the set of nodes that can communicate 
simultaneously. As, will be approved at Section 
4.2, these two factors result in higher reuse fac¬ 
tor, less power consumption, and larger network 
lifetime compared to IEEE 802.11 protocol. At 
the following sections, the operation of the SSPC 
protocol is described. 
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The Slow Start Feature of 
the SSPC Protocol 

To illustrate the operation of the SSPC protocol, 
consider the situation depicted in Figure 5, where 
node A wants to transmit some DATA frames to 
node B. Node A senses the medium for a DIFS 
interval and if the medium is idle, A sends an 
RTS frame to B using transmission power that 
follows the slow start principle to be described 
shortly. The RTS frame informs its recipients that 
a DATA frames transmission will occur at node 
B, and is sensed by all the nodes in the coverage 
area of node A. 

The format of the RTS frame is given in Figure 
4. The common fields that are used at both the 
RTS frames of IEEE 802.11 (see ANSI/IEEE Std 
802.11, 1999 Edition Part 11) and of SSPC are 
the following: 

• Frame Control : It is comprised of various 
subfields, such as Protocol Version, Type, 
Subtype etc. 

• Duration : time, in microseconds, required 
to transmit the pending data or manage¬ 
ment frame, plus one CTS frame, plus one 
ACK frame, plus three SIFS intervals. 

• RA: Address of the receiver of the RTS 
frame. 

• TA: Address of the transmitter of the RTS 
frame. 

• FCS: Frame Check Sequence used for er¬ 
ror control. 

The new field SSPC adds in the RTS frame is 
the field P' RTS , which is the transmission power of 
the current z'-th RTS transmission attempt. 


At its first attempt node A sends the RTS frame 
with power P RT$ , hoping that node B is near 
enough to reach it and sets a timer equal to T rts . 
Typical values of the power P RTS are, for example, 
15dbm for the D-Link AirPlus™ G DWL-G630 
Wireless Cardbus Adapter operating at 2.4GHz 
(http://www.dlink.com) and 14dbm for the IEEE 
802.11b Wireless LAN PC Card operating at 
2.4GHz (http://www.ansel.com.mx). The value 
of the timer T rts is T rt =2T prop +T sifs +T cts which 
is the sum of the propagation delay required for 
the RTS frame to reach the destination (T pRQp ), the 
time the receiver must wait before sending back 
the CTS frame (^[INSERT FIGURE 004], the 
propagation delay it takes for the CTS frame to 
reach the sender (T pROP ), and the CTS transmission 
duration (T cts ). We also define T data as the time 
it takes the DATA frame to reach the destination 
and T ack as the time it takes the ACK frame to 
reach the transmitter of the DATA frame. If after 
period T rts node A has not received a correct 
CTS frame, it concludes that the tran smi ssion of 
the RTS frame has failed, invokes its back-off 
procedure, and retransmits the RTS frame, but 
now with transmission power P RTS that has been 
increased by S dbm compared to the previous 
transmission power P RTS . 

The parameter S is referred to as the step of the 
slow start principle. Node A sets again the timer 
equal to T rts and waits for a CTS frame. Node A 
continues to send the RTS frame with increased 
transmission power P RTS until it receives a CTS 
frame indicating that node B has successfully 
received the RTS frame, or until the transmission 
power reaches its m axi mum value. An unsuc¬ 
cessful RTS frame transmission can occur if the 


Figure 4. The RTS frame format in SSPC 
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Figure 5. The Slow Start mechanism at SSPC protocol 



intended receiver is unreachable with the use of 
the current transmission power, or although the 
current transmission power is large enough to 
reach the intended receiver, the RTS frame has 
collided with a frame from another node. The latter 
means that is possible for a node to be considered 
as unreachable, though it is not. However, for 
something like that to occur, all the attempts of 
sending a RTS frame (using different levels of 
power; ranging from the mi ni mum power to the 
maximum, with increment step S) should fail due 
to continuous collisions; something that has small 
probability. In general, a number of continuous 
collisions may lead to the selection of larger 
transmission power, than the mi nimum required, 
however this would again be smaller than the 
m axi mum one, used by the classic IEEE 802.11 
protocol. The simulation experiments conducted 
(Section 4.2) show that even with the existence of 
such “misleading” collisions, the SSPC protocol 
performs quite well. 


The minimum initial power P RTS can be dif¬ 
ferent for different nodes. The smaller P RTS is, or 
the larger the distance between two nodes is, the 
more RTS retransmi s sions a node may have to 
undertake in order to reach the intended receiver. 
Also, the minimum initial power of a RTS frame 
transmission P RTS does not depend on the utilized 
transmission power ofthe previous frame, however 
this could be an extension of the proposed protocol 
in order to reduce the number of the required RTS 
frames retransmissions. 

Most commercial IEEE 802.11 wireless adapt¬ 
ers and access points that support automatic or 
manual transmit power control mechanisms use, 
when controlling output power, a step size varying 
from 1 to 3 db; see, for example, the “Alvarion 
BreezeAccess VL” (www.alvarion.com) or the 
“Cisco Aironet 1240AG Series 802.11A/B/G 
Access Point” (www.cisco.com) datasheets. We 
propose the parameter S to take values between 
1 to 3 db, depending on the accuracy we want to 
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have in the estimation of P l RTS . The smaller the 
value of S, the more accurate is the computation 
of P l RTS , but also the larger is the number of RTS 
transmissions that may be needed before the 
intended receiver is reached. 

All nodes that are in the transmission range of 
nodeAand correctly decode the RTS frame, settheir 
Network Allocation Vectors (NAV) to the value 
NAV™ = T sifs + T cts + T sifs + T data + T sifs + T ack 
as given in the ANSI/IEEE Std 802.11, 1999 
Edition Part 11, and defer their transmissions for 
that period. We must mention that the value of the 
NA V™ s parameter is equal to the value included in 
the field Duration ofthe RTS frame. Instead, nodes 
that lie in the carrier sensing zone of node A, that 
is nodes that detect a frame but cannot decode it, 
settheirNAVs to the value NA V RFS = EIFS. This 
is because nodes in the carrier sensing zone do not 
know the duration of the frame transmission. The 
main purpose of the EIFS is therefore to provide 
enough time for a source node to receive the ACK 
frame. As per IEEE 802.11, the EIFS is obtained 
using the SIFS, the DIFS, and the length of the 
time to transmit an ACK frame at the physical 
layer’s lowest mandatory rate. 

EIFS = SIFSTime + (8 • ACKsize ) 

+Pr eambleLength + PLCPHeaderLength + DIFS 
(30) 

where ACKsize is the length 
in bytes of an ACK frame and 

(8 • ACKsize) + Pr eambleLength + PLCPHeaderLength 

is the transmission time of an ACK frame at the 
physical layer’s lowest mandatory rate. See ANSI/ 
IEEE Std 802.11, 1999 Edition Part 11 for the 
explanation of the other terms of equation (30). 

Note that IEEE 802.11 does not completely 
prevent collisions due to a hidden terminal: nodes 
in the receiver’s carrier sensing zone, but not in 
the sender’s carrier sensing zone or transmi s sion 
range, may cause a collision with the reception 
of a DATA frame at the receiver (Jung & Vaidya, 


2005). This problem is also inherited by the S SPC 
protocol, as it also handles the hidden terminal 
problem using the RTS/CTS frames handshake. 
The use of the RTS/CTS frames in the IEEE 
802.11 protocol can negatively impact channel 
utilization by completely disallowing concurrent 
transmissions over the reserved floor. In contrast, 
in the SSPC protocol, concurrent trans mi ssions 
over the reserved floor can take place, provided 
that they do not use power more than a computed 
threshold. As a result, the negative performance 
impact of the hidden terminal problem is rela¬ 
tively limited in the SSPC protocol compared to 
the IEEE 802.11 protocol, as we will also see in 
Section 4.2. 

In the example of Figure 5, Node B upon 
receiving the RTS frame checks the RA field to 
see if it is the intended receiver and the TA field 
to find the address of the transmitter. It also ex¬ 
amines the PCS field to see if the received RTS 
frame contains errors. We must note that when 
we say that node B received the RTS frame we 
mean that it received and decoded correctly the 
RTS frame. The ability of node B to correctly 
decode the received RTS frame depends on its 
sensitivity, which is the minimum signal level 
required at the receiver for adequate reception. For 
example, if an SNR of 9dbm is required to achieve 
sufficient signal quality and the noise floor at the 
receiver is -11 ldbm, then the mi nimum signal or 
sensitivity for good reception is -102dbm. The 
sensitivity is typically supplied by manufactur¬ 
ers, and minimum acceptable levels can be found 
in the technical specifications of its device. For 
example the sensitivity of the D-Link AirPlus™ G 
DWL-G630 Wireless Cardbus Adapter is -84dbm 
operating at 11Mbps and at the band of 2.4GHz 
(http://www.dlink.com), while the sensitivity 
ofthe IEEE 802.11b Wireless LAN PC Card is 
-80dbm operating at 11Mbps and at the band of 
2.4GHz (http://www.ansel.com.mx). 

We denote by SNR‘ rts the SNR at the receiver 
for the current (i-th) attempt of the RTS frame 
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transmission when power equal to P‘ RTS is used 
at the transmitter and by SNR ™ the SNR at the 
receiver when power equal to the minimum power 
P R ™' that guarantees the connectivity between 
node Aandnode B is used. In other words, SNR™" 
is the minimum received SNR that results in a 
desired frame error rate FER (it depends among 
other things on the error correction codes used), 
while P RRR is the minimum power that should be 
used at the transmitter to result in SNR equal to 
SNR'"™ at the receiver. The transmitter would 
like to know the value of P R "” so that it can use 
it in its transmission, but of course it cannot use 
the definition: 

SNR = 10 log P receiyed / N (31) 

where P received is the received signal power and N 
is the sum of the power of the thermal noise plus 
the interference noise caused at the receiver, to 
compute it, because it does not know the value of 
N or the channel characteristics. This minimum 
transmission power P R ™ R is instead estimated atthe 
receiver and is communicated back to the trans¬ 
mitter through the RTS/CTS frames exchanged 
during the slow start mechanism, as it will be 
explained below. 

Consider now the current attempt (i- 1) of node 
Ato send the RTS frame with transmission power 
equal to P‘ KTS and let SNR‘ rrs be the corresponding 
SNR at the receiver. If the timer T rts that node 
A sets upon sending the RTS frame expires and 
node A does not receive a CTS frame, then node 
A invokes its back-off procedure and sends again 
the RTS frame with power P RTS . This is node 
A’s (i-th) current attempt to send the RTS frame, 
and let us assume that this time node B decodes 
correctly the RTS frame. This means that the 
power P RTS used by node A at its current attempt 
to send the RTS frame is greater than or equal 
to the minimum power P R ™ R that guarantees the 
connectivity between nodes A and B. At the same 
time we know that is greater than P RTR since 


the (i-l)-th attempt failed, assuming that no col¬ 
lisions occur. In the SSPC protocol the receiver 
uses the approximations SNR™™ & SNR‘ rts and 
P”"" « p j RTs , where i is the first successful RTS 
transmission attempt. We must underline that this 
is only an approximation of the minimum power 
that guarantees the connectivity between nodes 
A and B and not its accurate value. The accuracy 
of this approximation depends on the step size S 
used in the slow start mechanism. The smaller 
the value of S, the more accurate is the estimation 
of P R ™ R , but also, the larger is the number of the 
RTS retran s missions needed before the intended 
receiver is reached. We must mention that although 
several failed RTS transmissions may occur till 
the transmitter reaches the intended receiver, the 
overall network performance is better in the case 
that nodes adjust their transmission power to the 
minimum required through the SSPC protocol, 
compared to the case where the transmission 
power of the nodes is fixed, as it will be shown 
in the related performance evaluation section 
(Section 4.2). Finally, note that this estimated 
value of P R " R takes into account all thermal and 
interference noise /Vpresent at B when it received 
the RTS frame. 

The CTS Mechanism in 
the SSPC Protocol 

When node B correctly decodes the RTS frame, 
it replies with a CTS frame that includes the 
transmission power P DATA that node A must use 
to transmit DATA frames to node B. This power 
is given by the equation: 

P DATA = Kts + M (32) 

Note that in order to compute the DATA frames 
transmission power, a node does not need to know 
the exact location of all the nodes in the network 
or the ch a nnel conditions. The DATA frame trans¬ 
mission power is simply derived from the value 
of P RTS , according to equation (32). 
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Figure 6. CTS frame format in the SSPC protocol 


Octets: 

2 

2 

6 

6 

1 

1 

1 

4 


Frame 

Control 

Tcts 

RA 

TA 

Pdata 

PlNTERF 

Pmax 

FCS 


The term M is used as a safety margin and 
also to allow for any future interference at node B 
(interference tolerance). In other words, to allow 
for a number of future interfering transmissions 
to take place in the vicinity of node B, node B 
requests node A to increase by M the transmis¬ 
sion power of the DATA frames. M is a design 
parameter and determines the future interference 
margin that the receiver will be able to accept from 
its neighbouring nodes. The larger Mis, the more 
nodes in the vicinity of a DATA frame receiver will 
be allowed to transmit, but also the larger will be 
the interference caused by the transmitting node 
to nodes other than the intended receiver. 

Node B sends the CTS frame using the maxi¬ 
mum transmission power. The CTS frame format is 
described in Figure 6. The fields that are common 
in the IEEE 802.11 and in the SSPC protocol are 
the following: 

• Frame Control : It is comprised of several 
subfields, such as Protocol Version, Type, 
Subtype, etc. 

• T cts : The CTS frame transmi s sion 
duration. 

• RA: Address of the receiver of the CTS 
frame. 

• FCS: Frame check sequence. 

The new fields SSPC adds in the CTS frames 
are: 


TA: Address of the transmitter of the CTS 
frame. 

P DAT f The power that should be used by 
the transmitter to send the DATA frames, 
as computed by the receiver. 


Pmax' The CTS frame transmission power. 
Psnterf' The additional interference power 
that each neighbour/future interferer can 
add to the receiver. 


The interference power P /V7W that neighboring 
nodes are allowed to contribute to the receiver B 
will be computed shortly. 

All nodes that are in the transmission 
range of node B set their NAVs to the value 

NAV cts = T sifs + T data + T sifs + T ack ■ Not a11 

these nodes, however, but only the nodes that 
are neighbors to node B and are going to cause 
to it interference power greater than P mTERF , to 
be specified later, defer their transmissions. To 
ensure node B that its CTS frame was received 
successfully by node A, node B sets a timer to a 
timeout value T cts = 2T pROP + T SIFS . If after this 
time node B has not started receiving a DATA 
frame it concludes that the tran s mi s sion of the 
CTS frame has failed. 

Nodes that are in the carrier sensing zone ofnode 
B set their NAVs to the value NA = EIFS 
and defer their transmissions for this duration. As 
already mentioned, nodes in the carrier sensing 
zone cannot decode the received frame, so they do 
not know the duration of the frame transmission 
(a difficulty present in IEEE 802.11 as well), and 
also they cannot compute the ma xim um power they 
can use. These nodes set their NAV’s for the EIFS 
duration, to prevent a collision with the DATA 
frame at the receiver. Note that we do not want 
all the nodes in the carrier sensing zone, but only 
those that are going to cause to node B excessive 
interference to defer their transmissions. We will 
present a solution to this problem later. 
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An important issue thatmust be addressed is the 
computation of the interference power P INTER that 
each neighbour node can contribute to the receiver 
in the future, from the total interference margin 
M allowed at the receiver. Jung & Vaidya (2005) 
present a method to compute the interference 
power. The future interference A/that is allowed 
must be equitably distributed among the future 
potentially interfering users in the vicinity of B. 
Let N R (t) be the number of nodes in the vicinity 
of node B at time t that are to share the interfer¬ 
ence M. Node B keeps track of the instantaneous 
number of simultaneously active transmissions 
in its neighbourhood at time t, which we denote 
by N^ t (t ). This can be easily computed by 
monitoring the RTS/CTS frames exchange. We 
denote by N r (RTS ) the value of (t) when 
the RTS packet is received at the receiver; the 
interference of these N r (RTS) nodes was present 
when the RTS packet was received and is already 
accounted for. In addition node B keeps track of 
a moving average of Nf (t ), denoted by N R ( t ) 

. Then N R (t) is calculated as follows: 

N*(t) = max{A^(t), /V^(0} - N R ( RTS ) 

(33) 


The rationale behind the above equation is the 
following. When the CTS message was sent, there 
were N r (RTS) active transmissions in the neigh¬ 
bourhood of B. The future interference margin M 
is to be shared by future interferers, other than the 
N r (RTS) interferers already accounted for. The 
interference power that each neighbour can add 
to node B is finally given by the equation: 


[N R (ty 


(34) 


where P^ ERF isalower bound we pose on P JERF 
. The rationale for posing this lower bound is the 


following. If the margin Mis equitably distributed 
among a large number of neighbouring nodes 
then the interference power that every node will 
be allowed to cause to node B may be too small, 
and may be unusable. Also, if no lower bound on 
P mTERF is given, then nodes in the carrier sensing 
zone of B, which do not correctly decode the CTS 
frame and therefore do not leam the accurate value 
of P mTERF , would be prevented from transmitting 
since they would not be able to estimate a safe 
power level to use. These nodes are however at 
relatively large distance from B and should there¬ 
fore be allowed to transmit up to a given power 
level, something that can be achieved by imposing 
the lower bound P^erf > as we will see. Therefore, 
P mTERF is the additional interference power that 
each future interferer can add to a receiver, and 
is chosen to be the same for all the neighbouring 
nodes, while A/is the aggregate future interference 
that the receiver can tolerate, which is equitably 
distributed to its neighbouring nodes. 

The value of P mTERF depends on the values of 
N R (t), M and P™ T ' ERF according to equation (34). 
The values of M and P^ ERF are designparameters, 
while N R (t) is the number of nodes at time t that 
are in vicinity of the node under consideration 
and which are to share the interference margin. In 
order to compute the value of A*(t), a node moni¬ 
tors the RTS/CTS frames exchange in its vicinity 
during an interval of a given duration T p which 
is also a design parameter. The future interference 
allowed per node depends on the interval dura¬ 
tion and the number of RTS/CTS frames sensed 
during that interval. The more RTS/CTS frames 
are sensed, the larger is the estimated number of 
neighbouring nodes N R (t) and, consequently, the 
smaller is the value of P mTERF ■ 

The duration for which a node must listen to 
collect information before making the access deci¬ 
sion must be chosen by fine tuning the system pa¬ 
rameters using simulation and experimental data. 
If nodes listen to the channel even when they do 
not have data to transmit, then they already have a 
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good estimate of N R ( t). If they do not listen when 
they are not active, then they may either wait for 
an interval T WArp or use a less accurate estimate of 
N R (t). The parameter T 7 must be at least equal 
to the duration a node listens the channel before 
transmitting a RTS frame according to the IEEE 
802.11 protocol, that is, a DIFS interval (T n/FS ). 
The value of T WA1T could be chosen to be a small 
multiple of T RTS +2T pROP +T SIFS +T CTS that is the time 
a node must wait in order to receive a CTS frame. 
Note that an inaccurate estimate of N R (t) does not 
affectthe correctness oftheprotocol; itonlyresults 
in less or more allowed future interferers, each 
being permitted a larger or smaller, respectively, 
interference margin. If however, the estimate 
of N R (t) is close to the actual number of nodes 
(and therefore, to the number of potential future 
interferers) in the receiver’s vicinity, we expect 
better performance results. Alternative ways to 
determine the number N R (t) of future interferers 
to be allowed, other than the one proposed here 
could also have been used. 

As previously mentioned, node B replies to 
the RTS frame with a CTS frame using power 
equal to P (B) (node B does not use power P 
to transmit the CTS frame as it wants to inform 
as many stations as possible for the intended 
transmission that will occur). This frame informs 
all the nodes in the coverage area of node B that 
a DATA frame transmission will occur at node B. 
One important difference from the IEEE 802.11 
protocol is that the CTS frame will not cause all 
the nodes that hear it to defer their transmissions, 
but only those nodes that are going to cause to 
node B interference greater than P mTERr 

Another issue that has to be specified is the 
way a neighbour node, say node C in Figure 5, 
determines the maximum transmission power 
which can use without resulting in interference 
greater than P mTERF at the receiver B. We assume 
that every node has the ability to compute the 
strength of the received signal. There are a lot of 
commercial chips that among others can compute 
the signal strengths. Example of those chip are 


the Atheros AR600IX Radio On Chip which inte¬ 
grates the RF transceiver, baseband, MAC, central 
process and peripheral control functions (http:// 
www.atheros.com), and the POLARIS™ TOTAL 
RADIO™ solution from RF Micro Devices which 
is a highly integrated transceiver that performs all 
the functions of a handset radio section (http:// 
www.rffnd. com/). 

Every node, say node C, that hears the CTS 
frame sent by node B at power P (B), has the 
ability to compute the received signal strength 
PcTs-received’ ar| d consequently the channel gain 
between B and C by the equation: 



Based on that, and assuming that the channel 
gain is approximately the same in both channel 
directions (this is a reasonable assumption when 
node mobility is small during the duration of a 
RTS/CTS/DATAtransmission, so thatthe distance 
and channel attenuation do not change significant¬ 
ly during the control and data packets exchange), 
node C can compute the maximum transmission 
power P (C IB) that it can use without causing 
excessive interference at node B as: 

P m jC / B) = « 5™- ( 36 ) 

G c,b G b,c 

Every node, like node C, maintains an in¬ 
terference table, where it records for each of its 
neighbours, saynodes B [5 B 2 ,.. ,,B N , fromwhichit 
has received a CTS frame, the maximum transmis¬ 
sion power it can use without causing excessive 
interference to that neighbor (See Table 1). 

The maximum power at which node C can 
transmit is then found as: 

P m JC) = min. P v JC / B.) (37) 

The interference table of node C together with 
the NAY data structure that it maintains (to record 


157 



QoS and Energy Saving Routing and MAC Mechanisms for Wireless Networks 


Table 1. Description of the interference table that node C maintains 


B 1 

B 2 


B n 

P„JQ 

P max {C/B) 

p max (C /B 2 ) 


P m JC/B„) 


the durations of the ongoing transmissions in its 
neighbourhood) is used to dynamically update 
the maximum transmission power P (C) that 
node C can use. When node C uses the slow start 
mechanism to transmit to another node D, it can 
increase its power up to P mwc ( C). 

For example, let us consider the situation 
described at Figure 7. The dashed lines represent 
the receiving areas of the CTS frames when the 
maximum transmission power is used, the solid 
black lines represents the transmissionrange ofthe 
nodes A, C, E and F when the minimum required 
power for coherent reception of DATA frames is 
used, and the solid blue lines represent the receiv¬ 
ing areas of the RTS frames from node C when the 
slow start principle is applied. Nodes A, F and E 
have already gone through the RTS/CTS procedure 
and have started transmitting some DATA frames 
to nodes B p B 2 and B 3 , respectively. During the 
RTS/CTS exchange that preceded these DATA 
frames transmissions, nodes B., i = 1,2,3 have 
computed the future interference power P [NIERFi 
i = 1,2,3 that each of their neighbours is allowed 
to cause to them, and transmitted it in the CTS 
frames they have sent at power P . i = 1,2,3, 
respectively. 

Node C wants to compute the maximum trans¬ 
mission power that it can use without causing 
excessive interference to its neighbours. Node 
C has received three CTS frames from nodes B p 
B 2 , B 3 . Using the received signal strength of each 
CTS frame, it computes the maximum transmis¬ 
sion power it can use without causing excessive 
interference to its neighbours as: 


(38) 

where 

P - =^ fori=l,2,3 (39) 

max UJ <v 

P (C) is the maximum transmission power 
node C can use to transmit its DATA frames without 
causing excessive interference to its neighbours. 
So when it invokes the slow start mechanism to 
transmitto node D, it will increase its transmission 
power in steps of S dbm up to that power level. 

Assuming that the power required for C to 
reach node D is less than the maximum power 
PmJC) that C is allowed to use, node D replies 
with a CTS frame informing C about the power 
level P DATA it should use. When node C receives 
D’s CTS frame, it waits for SIFS duration and 
transmits the DATAframes withpower level P DATA - 
After transmitting the DATA frame, node C sets 
a timer to 2T pR() +T ACK seconds (see the ANSI/ 
IEEE Std 802.11, 1999 Edition Part 11). If after 
this period node C has not received a correct ACK 
frame, it concludes that the transmission of the 
DATA frame has failed, and hence it invokes its 
back-off procedure. From the above it is obvious 
that several transmissions can take place simulta¬ 
neously if every node that receives CTS frames 
adjusts its transmission power at the appropriate 
value using the information included in the CTS 
frames. At the previously described scenario, it is 
possible to have a collision between the CTS frame 
transmitted from node D and a frame from node 
F to node B, if these nodes transmit their frames 
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Figure 7. Usage of the CTS frame 



at the same slot, a situation which can also occur 
when using the classic IEEE 802.11 protocol. 
However, by using the proposed SSPC protocol 
the probability of a frame collision, in general, is 
smaller due to the usage of the minimum required 
DATAframes transmission power, compared to the 
case of the classic IEEE 802.11 protocol, where 
the transmission power of the frames may be much 
larger than the m in imum required. 

Anode updates its interference table every time 
it senses and decodes a new CTS frame originated 
from one of its neighboring nodes or every time an 
interference source is gone. For example, in Figure 
7, when the DATA frame transmission from node 
A to node B | is completed, node C removes from 
its interference table the record related to node B ; . 
Node C knows when the transmission ofthe DATA 
frame from node A to node B ; is completed by 
using its network allocation vector which indicates 


the remaining time of an ongoing transmission. 
More specifically, node C knows that after time 

NAV cts = r si fs + T data + T sifs + T ack fromthe 
time instance at which it sensed the CTS frame 
from node B p the DATA frame transmission from 
node A to node B : will have been completed. 

Consider finally, a node G that is in the carrier 
sensing zone of node B (Figure 8) and receives 
its CTS frame. Since this node cannot correctly 
decode the received CTS frame, it does not know 
the value of the interference power P, NTERF it is 
allowed to cause to node B, or the trans mi ssion 
power of the CTS frame it received. We assume 
however, that node G can still compute the received 
signal strength P CTS _ received ofthe CTS frame. Even 
though node G cannot compute the exact value of 
the maximum transmission power it is allowed to 
use, it can compute a looser bound on the maxi¬ 
mum power allowed to it as follows: 
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(40) 


where P^, 1111 is the minimum initial transmission 
power used in the slow start mechanism for the 
RTS transmission. Inotherwords, node Guses the 
equation (35) together with the upper bound 

£ Pa 5T‘ oi) 

RTS 

on the cha nn el gain between G and B, for which 
we assume the approximation G ( . R k, G g G . The 
upper bound on the cha nn el gain is obtained from 
the received signal strength P CTS _ received , since we 
know that any transmission of an RTS frame 
must have used power at least equal to P°^ m 
. Recall that P^ ERF is the lower bound on the 
interference power P, NTERF and is also a known 
design parameter. So although nodes in the carrier 
sensing zone ca nn ot compute the exact value of 
their m axi mum allowable transmission power, 
they can still compute a lower bound [namely, the 
right hand side of inequality (40)] on the power 
they can safely use without causing excessive 
interference to node B. Note that in the classic 
IEEE 802.11 standard, nodes in the carrier sens¬ 
ing zone defer their transmissions for the EIFS 
duration. The EIFS is the largest of all the IFSs, 
and is used to reduce the probability of a colli¬ 
sion with the ACK frame at the source. Instead, 
in the SSPC protocol, nodes in the carrier sensing 
zone can compute a threshold on the m a x im um 
allowable transmission power and defer their 
transmissions for an EIFS duration only if they 
intend to use power more than that threshold. 
Note that as the number of terminals that cannot 
correctly decode the CTS frame increases, the 
performance of the SSPC protocol will degrade, 
since such terminals will use a rather pessimistic 
upp er bound on the maximum power they can use; 
however, performance will still be better than that 


of IEEE 802.11 protocol, where all nodes in the 
carrier sensing zone of a CTS frame are prevented 
from transmitting. 

PERFORMANCE RESULTS 

At this chapter, the performance of the previously 
described algorithms is evaluated. First, the per¬ 
formance evaluation of the proposed energy-aware 
and joint interference/energy-aware multi-cost 
routing algorithms is done. Then, the performance 
of the proposed power control MAC protocol is 
compared to the performance of the standard IEEE 
802.11 protocol. 

Multi-Cost Routing Algorithms 
Performance Evaluation 

We evaluate the performance of the proposed 
energy-aware multi-cost routing algorithms 
under the network evacuation model. In this 
model, the network starts with a certain number 
of packets that have to be routed and a certain 
amount of energy per node, and the objective is 
to serve the packets in the smallest number of 
steps, or to serve as many packets as possible 
before the energy at the nodes is depleted. The 
proposed algorithms has been implemented and 
carried out corresponding experiments using the 
Network Simulator (http://www.isi.edu/nsnam/ 
ns/). The routing agent running on each node 
calculates the set of non-dominated paths to all 
destinations at periodic time intervals. When a data 
packet is generated at a node, the node applies the 
optimization function to the cost vectors of the 
corresponding non-dominated paths to select the 
optimal path, and the packet is sent on that path. 
If no route to the destination can be found, the 
packet is discarded. 

In general, the routing process involves two 
levels: the routing information exchange level and 
the routing algorithm level. Routing information 
protocols deal with collecting and disseminating 
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Figure 8. Transmission and carrier sensing zone of node B 



network state information, while routing algo¬ 
rithms compute the optimal-best path(s) using 
this information. Our focus is on the routing 
algorithm level and thus in our simulations it is 
assumed that each node has global knowledge of 
the network topology and all other information 
it needs for making routing decisions. Actually, 
the operation of an information exchange mecha¬ 
nism that gathers network-related information 
may introduce network and energy overheads, 
while the network information available at each 
node may not always be accurate or updated. 
Papageorgiou et al. (2008) assessed the perfor¬ 
mance of the multi-cost routing approach based 
on energy-related parameters for mobile ad hoc 
networks by embedding its logic at the Dynamic 
Source Routing (DSR) algorithm, which is a 


well-known fully distributed routing algorithm. 
In this way, the multicost-DSR algorithm relies 
on the DSR’s mechanisms of route discovery 
and maintenance in order to collect the necessary 
information regarding the network topology and 
state, while for the path selection the multicost 
approach is used. The simulation results showed 
that though the information exchange mechanism 
increases the energy consumption in the network, 
the multi-cost routing with energy-aware metrics 
still prolongs its lifetime. It has been observed 
that the increased node mobility can improve 
the accuracy and the validity of the information 
(e.g., energy) located at each node and used for 
routing decisions. On the other hand in case the 
wireless nodes are static (e.g., in mesh networks) 
then a distributed information exchange mecha- 
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nism may be not necessary. Instead, information 
dissemination can be achieved by a periodical 
beacon-like protocol according to which eachnode 
sends its local information to its direct neighbors. 
Eventually this information will be broadcasted 
to all the nodes in the network. Given the fixed 
topology of wireless mesh networks, the energy 
and communication overhead of this process can 
be minimized with a simple scheduling of the 
packet trans mi ssions. Another choice could also 
be to incorporate the information about the cost 
parameters in the data exchanged anyway between 
the nodes of such networks. In both cases the 
only concern is the validity of the inffomation. 
Kokkinos et al. (2005) studied the effect that the 
duration of the information update interval has, 
on the multi-cost algorithm’s performance. 

The energy-aware multi-cost routing algo¬ 
rithms were evaluated using an ad hoc network 
consisting of 49 stationary nodes placed along 
a 7x7 grid. The distance between neighbouring 
grid points is set at 50m. The topologies studied 
in the experiments are either a regular grid topol¬ 
ogy (where the transmission range of the nodes 
is fixed at 50m) or a random topology (where the 
transmission range varies from node to node, and 
is uniformly distributed between 50m-100m in 
one set of experiments, and between 50m-150m 
in another set of experiments). For the joint in- 
terference/energy-aware multi-cost routing and 
power control algorithms the nodes are capable of 
dynamically adjusting their transmission power. 
Specifically, we assume that all nodes can com¬ 
municate directly with each other and hence the 
network is fully connected, but depending on the 
routing algorithm employed, a node may choose 
not to use the direct link to the destination, and use 
a multi-hop path instead. In a wireless network, 
the signal power at a receiver located at distance 
d from the sender is given by: 


P(d) = 


PG t G r \ 2 
4-tt 2 -L-d a 


(42) 


where P is the power of the transmitted signal, G 
and G r are the gains of the sender’s and receiver’s 
antennas, respectively, L is the system loss, and 
X is the wavelength used. In our experiments we 
used G=l, G=1 and L= 1. The parameter a is the 
path loss constant, and is typically between 2 and 
4 depending on the wireless channel. 

All packets have equal length (taken to be 
500 bytes) and require one unit of time (slot) for 
transmission over a li nk. The amount of energy 
expended for a packet transmission is taken equal 
to the transmission power multiplied by the packet 
transmission duration. We assume that the energy 
consumed for the reception of a packet is constant 
and same for all the nodes. More specifically, the 
energy expenditure for a packet reception at a node 
is taken to be equal to 10% of the transmission 
power required for the minimum transmission 
range (50m) multiplied by the packet duration, 
which is fixed since the packet lengths are fixed 
at 500 bytes. We also assume that the processing 
energy cost is included in this energy expenditure 
and that an idle node’s energy consumption in 
negligible. The initial energy of the nodes was 
taken to be 2 joules, which represents a scenario 
where some nodes run out of energy during the 
experiments (finite energy), depending on the 
amount of traffic they endup serving. The number 
of packets per node that have to be delivered to 
their destinations (“evacuated” from the network) 
in our experiments, varies from 100 to 1000 (at 
steps of 100) packets per source node. Packet 
destinations are uniformly distributed over all re¬ 
maining network nodes and the packet generation 
rate at each node is equal to 0.1 packets/sec. 

In the experiments conducted we measured 
the average residual energy E remaining at the 
nodes at the end of each experiment, the variance 
cr of the node residual energies, the time when a 
node runs out of energy, referred to as the node 
depletion time DT, the network throughput T and 
the received-to-sent packets ratio RS. 
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Energy-Aware Multi-Cost 
Routing Algorithms 

Figure 9 illustrates the average residual energy in 
the network at the end of an evacuation experiment, 
as a function of the number of packets evacuated 
per node. Th q Minimum-Hop algorithm results in 
a higher average residual energy E at the end of 
the evacuation experiments than the other routing 
algorithms examined. However, the Minimum- 
Hop algorithm also results in less uniform energy 
consumption in the network (Figure 10) and in 
smaller energy depletion times DT than the other 
algorithms, as is indicatedby Figure 11 andFigure 
12. As a result, the Minimum-Hop algorithm also 
achieves lower throughput and higher dropping 
ratio. Note in Figure 9, that when more than 400 
packets are generated per source node, then the 
average residual energy stops decreasing for 
all algorithms examined. This happens because 
many nodes run out of energy and consequently 
the network becomes disconnected and no more 
packets are served. 


The Minimum-Hop algorithm uses the same 
path for the entire duration of a session, or until 
the energy of a node on the path is depleted. As 
a result, a relatively small subset of nodes has 
more active participation, in the transmission 
of packets, than other nodes. The Energy and 
Energy-Hop algorithms, on the other hand, are 
based on parameters (namely R) that change over 
time, and the path selected may not remain the 
same for all the packets of a session. In this way 
the traffic forwarding and the resulting energy 
consumption are spread more uniformly, over a 
larger number of nodes, leading to smaller average 
residual energy E and smaller variance o 2 of the 
residual energy than the Minimum-Hop algorithm. 
Regarding the time the energy of the nodes is 
depleted, the Energy-Hop algorithms exhibit the 
best performance in all the experiments, while the 
Minimum-Hop algorithm seems to result in the 
worst DT. Note that with the Energy and Energy- 
Hop algorithms, when nodes start running out of 
energy, this happens almost simultaneously for 
all the nodes. This is because these algorithms 


Figure 9. Illustrates the average residual energy at the end of the evacuation experiment for the Minimum- 
Hop, MAX/MIN Energy and MAX/MIN Energy-Hop algorithms 

Average Residual Energy 
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Figure 10. Illustrates the variance of the residual energy at the end of the evacuation experimentfor the 
Minimum-Hop, SUM/MIN Energy and SUM/MIN Energy-Hop algorithms 

Variance of residual energy 



number of packets sent per node 

I Minimum-Hop -*-SUM/MIN Energy —a— SUM/MIN Energy-Hop 


spread the energy consumption uniformly in the 
network, so that when one node is at the point of 
first running out of energy, most other nodes are 
at the same energy-critical situation. 


In most of the experiments conducted, it was 
found that the performance of the Energy-Hop 
algorithms was between that of the Minimum-Hop 
algorithm and that of the Energy algorithms, and, 


Figure 11. Illustrates the current number of nodes with depleted energy at the end of an evacuation 
experiment for the Minimum-Hop, MAX/MIN Energy, and MAX/MIN Energy-Hop 
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actually, in most cases it was closer to that of the 
Minimum-Hop algorithm. The Energy-Half-Hop 
algorithms were found to behave very similarly to 
the Energy algorithms in all cases considered. It 
se ems that the 0.5 exponent on the numb er of hops 
in the former algorithms effectively eliminates the 
impact of the hop term on the cost function. This is 
the reason we chose not to present in great detail 
the results on the Energy-Half-Hop algorithms. 

Figure 13 and Figure 14 shows the received- 
to-sent packets ratio RS for various algorithms 
examined. We observe that when the initial 
nodes’ energy is finite, the fraction of packets 
delivered to their destinations decreases after a 
certain number of packets have been inserted 
in the network. The reason is that nodes run out 
of energy, limiting the ability of the network to 
route packets. We observed that the Energy-Hop 
algorithms achieve the best RS ratio in almost all 
the experiments, since with these algorithms the 
network nodes remain alive for longer periods 
of time. The MAX/MIN Energy algorithm seems 
to give the worst results among the algorithms 
in this class. The performance of the SUM/MIN 


Energy algorithm is considerably better and it 
surpasses, even marginally, that of the SUM/MIN 
Energy-Hop algorithm. 

Another observation concerns the choice of 
the associative operator (sum or maximum) that 
should be used for combining the transmission 
power 7) parameters in the optimization func¬ 
tions. Figure 11, Figure 12, Figure 13 and Figure 
14 show that the SUM/MIN Energy algorithm 
behaves considerably better than the MAX/MIN 
Energy algorithm. This indicates that summing up 
the transmission powers of the nodes on a path 
is a more representative measure of the path’s 
energy cost, than taking the maximum value of 
them. For similar reasons, the SUM/MIN Energy- 
Hop algorithm was also found to behave better 
than the MAX/MIN Energy-Hop algorithm, even 
though the difference between these two was not 
so significant. This is because the hops parameter 
dominates the optimization function in the SUM/ 
MIN Energy-Hop and the MAX/MIN Energy-Hop 
algorithms. 


Figure 12. Illustrates the current number of nodes with depleted energy at the end of an evacuation 
experiment for the Minimum-Hop, SUM/MIN Energy and, SUM/MIN Energy-Hop algorithms 

Current number of nodes with depleted energy 
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Figure 13. Illustrates the received-to-sent packets ratio for the Minimum-Hop, MAX/MIN Energy, and 
MAX/MIN Energy-Hop 

Received/Sent 



Joint Interference/Energy Aware 
Multi-Cost Routing Algorithms 

Figure 15 and Figure 16 illustrate the average 
residual energy at the end of an evacuation pe¬ 
riod, and the variance of the residual energies, 


respectively, as a function of the number of 
packets that are evacuated per node. We observe 
that the Minimum Transmission Power algorithm 
outperforms the other algorithms examined with 
respect to the average residual energy, since 
it selects paths consisting of many short links 


Figure 14. Illustrates the received-to-sent packets ratio for the Minimum-Hop, SUM/MIN Energy and 
SUM/MIN Energy-Hop algorithms 
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Figure 15. Illustrates the average residual energy at the end of the evacuation problem, as a function of 
the number ofpackets evacuated per node, and different choices of the routing algorithms 
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(chooses long paths) in order to minimize the 
total transmission power used. This way it also 
minimizes the energy consumption at the nodes. 
Similarly, the Mixed algorithms that consider the 
hop metric (choose short paths), behave worse 
than the Energy-Interference algorithms that do 
not consider this metric. The Minimum Interfer¬ 
ence algorithm on the other hand exhibits the 
worst performance, since it does not consider any 
energy related metric. 

Regarding the variance of the residual energy, 
shown in Figure 16, for almost all the algorithms 
examined, the variance initially increases, but 
then starts decreasing rapidly as the number of 
packets that are evacuated increases. This hap¬ 
pens because as more packets are evacuated, then 
more nodes’ energy is depleted, resulting in small 
residual energy variance. Also, energy is a criti¬ 
cal resource and the algorithms that incorporate 
the path residual energy R in their cost functions 
(that is, the Mixed and Energy-Interference algo¬ 
rithms) perform better, achieving small variance 
in the residual energy. This is because the paths 
these algorithms select are adjusted over time to 


reflect changes in the energy reserves of the nodes, 
resulting in a more even distribution of energy 
consumption across the network. In contrast, the 
Minimum Interference and the Minimum Trans¬ 
mission Power algorithms do not change their 
paths when nodes start running out of energy, 
resulting in earlier depletion of the energy at some 
nodes, while there are other nodes that still have 
significant energy reserves. 

Also, from the experiments performed, it 
was observed that the Mixed and the Energy- 
Interference algorithms achieve better throughput 
than the Minimum Interference algorithm. This 
is because these algorithms use energy more ef¬ 
ficiently, by taking into account the node residual 
energies, and thus manage to deliver more packets 
to their destinations before the energy is depleted. 
Moreover, the Minimum Transmission Power 
algorithm gives the worst results, in terms of the 
throughput achieved, since it does not consider 
the interference caused. 
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Figure 16. Illustrates the variance of the residual energy at the end of the evacuation problem, as a 
function of the number ofpackets evacuated per node and different choices of the routing algorithms 



Power Control MAC Protocol 
Performance Evaluation 

In the experiments done the Network Simulator 
was used to simulate a wireless multi-hop network 
of 36 nodes distributed according to a two dimen¬ 
sional uniform distribution in a 500x500m 2 area. 
To obtain results that are easier to interpret, we 
mainly focused on the performance benefits that 
can be obtained through the use of power control, 
and not on the protocol overhead involved. There¬ 
fore, we assumed in our simulations that nodes 
have global knowledge of the network topology 
and other information they need for adjusting 
their transmission power and no control packets 
and related overhead were included. Note that the 
SSPC protocol’s overhead is somewhat larger than 
that of IEEE 802.11, due to the repetitive RTS 
frame transmi s sions of the slow start mechani s m 
and the additional fields used in the RTS and CTS 
frames. The received signal power at distance d 
from the transmitter can be again calculated by 
using the equation (42). 

The MAC protocol we used is a power con¬ 
trolled version of IEEE 802.11. The amount of 


energy expended for a packet transmission was 
taken to be equal to its tran smi ssion power mul¬ 
tiplied by the duration of the packet transmission. 
Some constant (independent of the distance) 
energy was also consumed for packet reception 
and processing. When a node is idle we assume 
that it consumes no energy.We considered the 
following two cases: 

• Static power case: Each node uses static 
transmission power for its transmissions 
(as in IEEE 802.11). 

• Adjustable power case: Each node adjusts 
its transmission power to the minimum re¬ 
quired value that guarantees the reliable re¬ 
ception of the frames at the sink nodes (by 
using the SSPC protocol). 


The performance of these two approaches was 
evaluated in the setting of the evacuation problem. 
In the experiments done, the number of packets 
evacuated from the network varies from 100 to 
1000 (at steps of 100) packets per node. Packet 
destinations are taken to be uniformly distributed 
over all remaining nodes of the network. The 
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Figure 17. Illustrates the average consumed energy per node at the end of an evacuation periodfor the 
static and the adjustable power case 



threshold for the received power required for 
correct reception (that is, the receiver sensitivity) 
is the same for all nodes. The routing protocol 
used, is the minimum hop algorithm. To compare 
the two approaches the same paths were chosen 
for the packets delivery from the source to the 
si nk nodes. We must note here that if the SSPC 
protocol is adopted, the routing algorithm could 
be improved to better exploit the advantages of 
SSPC over the usual IEEE 802.11. We chose to 
use the same (minimum hop) routing algorithm 
in our performance results for both protocols so 
that the results can be directly comparable. Also, 
the energy consumption due to RTS/CTS frames 
exchange is not accounted for, since we focus 
on the performance benefits that can be obtained 
through the use of power control, and not on the 
protocol overhead involved. 

In the experiments conducted for the static 
power and the adjustable power cases we mea¬ 
sured: (i) the average energy E consumed by the 
nodes at the end of an evacuation period, (ii) 
the variance of the energy consumed by the 
nodes, (iii) the average packet delay D, defined 


as the average time between the beginning of an 
evacuation instance and the time a packet reaches 
its destination, averaged over all packets delivered 
to their destinations (iv) the frequency of the RTS 
frames collisions and (v) the received-to-sent 
packets ratio RS. 

The first two performance parameters are re¬ 
lated to energy considerations, while the remaining 
four are directly related to network performance. 
We choose to compare the performance of the 
SSPC protocol to that of the usual IEEE 802.11 
protocol, as is done in most other related works, 
which also use IEEE 802.11 as a reference point. 
We believe that the results would be harder to 
interpret if comparisons were made to other (not 
equally used in practice) protocols. 

Figure 17 illustrates the average energy con¬ 
sumed per node (measured in Joules) after all 
packets have been evacuated from the network, 
for the adjustable and the static power case. It 
shows that using adjustable power results in 
considerably smaller energy consumption than 
using static power. The energy savings increase 
(linearly) with the number of transmitted packets. 
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Figure 18. Illustrates the variance of the energy consumed at the nodes for the adjustable power and 
the static power case 
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This is because in the adjustable power case every 
node adjusts its transmission power, via the slow 
start mechanism of the SSPC protocol, to the 
minimum required level for coherent reception at 
the receiving node, so that nodes consume only 
the necessary amount of energy. Instead, when 
static power is used, and the desired recipient is 
at a smaller distance than the static transmission 
range used, a node may expend an unnecessarily 
large amount of energy and cause unwarranted 
interference to other nodes. 

The variance of the energy consumed by 
each node is shown in Figure 18. The variance 
of the consumed energy indicates how the power 
consumption in the network is distributed among 
the various network’s nodes. This is an important 
parameter, since we want power consumption to 
be uniformly distributed among the nodes of the 
network. From Figure 18, it can be seen that static 
power approach results in smaller variance in the 
energy consumed per node than the adjustable 
power approach. This indicates that SSPC tends 
to spread energy consumption more uniformly 
among the nodes. 


Figure 19 illustrates the average delay D of 
the packets delivered to their destinations for the 
adjustable power and the static power case, as a 
function of the number of packets evacuated per 
node. For both approaches, the average packet 
delay increases as the number of packets that are 
evacuated increases. It can be seen that the adjust¬ 
able power approach used in SSPC outperforms 
the static power approach used in standard IEEE 
802.11. This is because the SSPC protocol allows 
more concurrent packet transmissions as long as 
they do not cause excessive interference to ongo¬ 
ing transmissions. 

The number of the RTS frames collisions due 
to the MAC protocol and the hidden ter mi nal prob¬ 
lem is illustrated in Figure 20, which shows that 
the frequency of RTS frame collisions is smaller 
when adjustable power is used. This is because, in 
the case of the static power approach every node 
sends its RTS frame with m a x im um trans mi ssion 
power, while in the case of the adjustable power, 
the transmission power of the RTS/DATA frames 
is adjusted at the minimum required, resulting in 
fewer RTS collisions. The performance difference 
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Figure 19. Illustrates the average packet delay for the adjustable and the static power cases 
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between the adjustable power and the static power 
approach increases (linearly) as the number of 
packets evacuated increases. 

Finally, the received-to-sent packets ratio is 
shown in Figure 21. We observe thatmore packets 
are delivered to their destinations in the adjustable 
power case than in the static power case. This is 
because nodes spend less energy by using the 
minimum required power for their DATA frames 
transmissions, prolonging in this way the lifetime 
of the network. Since the nodes remain alive for 
longer time, the network capability of delivering 
packets to their destination is increased. 


CONCLUSIONS AND FUTURE 
RESEARCH DIRECTIONS 

This chapter discusses Quality of Service (QoS) 
and energy saving mechanism s for wireless net¬ 
works. Across-layer approachhas been described 
in order to save energy at the network, while in 
parallel providing an acceptable QoS. 


The multi-cost routing approach was described, 
where several multi-cost energy-aware routing 
algorithms for wireless ad hoc networks were 
proposed. As it has been proven at Section 4.1.1, 
the multi-cost energy-aware routing algorithms 
distribute the traffic more uniformly across the 
network, prolonging its lifetime, and improving its 
performance. More specifically, the Energy-Hop 
algorithms were found to have better performance 
than both the Energy and the Minimum-Hop al¬ 
gorithms, under the energy and network related 
performance measures used. Energy-aware rout¬ 
ing and medium access control protocols have 
been investigated also, in the case where nodes 
have variable tran s mi s sion power capabilities. 
The joint multi-cost routing and power control 
has been considered and a number of energy- and 
interference-aware multi-cost routing algorithms 
that use the power adjustment capability of the 
nodes has been presented. A number of cost 
parameters, including hop count, interference 
caused, residual energy of the nodes and vari¬ 
able transmission power were considered. The 
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Figure 20. Illustrates the number of the RTS frames collision for the adjustable and the static power 
cases 
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proposed algorithms were evaluated (see Section 
4.1.2) using both performance and energy related 
measures, exhibiting large throughput, reduced in¬ 
terference and energy consumption, and increased 


network lifetime. Also, the SUM/MIN Energy- 
Half-In terference-Half- Hop multi-cost algorithm, 
which incorporates hop count, interference and 


Figure 21. Illustrates the received-to-sent packets ratio for the adjustable power and the static power 
case 
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energy related metrics, outperforms, inmost cases, 
all the other algorithms considered. 

Also, the case of power control has been 
investigated for energy savings in wireless ad 
hoc networks. A Slow Start Power Controlled 
MAC protocol was described for energy con¬ 
sumption reduction, while in parallel providing 
QoS. Reduced energy consumption is achieved 
by adjusting the nodes transmission power to the 
mi nimum required value for reliable reception of 
the packets, while increase in network throughput 
is achieved by allowing more transmissions to take 
place simultaneously. It has been shown (see Sec¬ 
tion 4.2) that this protocol achieves a significant 
reduction in energy consumption and average 
packet delay and also a significant increase in 
received-to-sent packets ratio compared to IEEE 
802.11 protocol. 

Future research work can concentrate in the 
development of energy-aware broadcasting and 
multicasting algorithms, which are two of the most 
usual communications tasks that take place at a 
wireless network. Also, mobility is a parameter 
that must be taken into consideration and examine 
how it affects the design of various energy saving 
and QoS protocols. Future work can also include 
the investigation of the proposed energy saving 
mechanisms, in the field of the wireless sensor 
networks. A wireless sensor network is a wireless 
network consisting of spatially distributed au¬ 
tonomous devices using sensors to cooperatively 
monitor physical or environmental conditions. 
Although, wireless ad hoc networks and wireless 
sensor networks share many characteristics, there 
are some obvious differences most notably in the 
number of nodes, which may be thousands, and 
the very high deployment density of the wireless 
sensor networks. These characteristics, can affect 
the design of new energy-aware protocols and 
the applicability of the existed at the field of the 
wireless sensor networks. 
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KEY TERMS AND DEFINITIONS 

Wireless Ad Network: A decentralized wire¬ 
less network, where every node forwards data 
for other nodes and so, the determination of the 
forwarding nodes is made dynamically based on 
the network connectivity. 

Quality of Service: A technology which pro¬ 
vides different priority to different applications, 
users, or data flows, or guarantees a certain level 
of performance to a data flow. QoS technologies 
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give the ability to measure bandwidth, detect 
changing network conditions, and prioritize or 
throttle traffic. 

Energy-Efficiency: The consideration of 
energy as a critical resource, when designing 
a protocol, mainly in wireless networks where 
energy is an important parameter for network 
lifetime. 


Power Control: The ability of adjusting trans¬ 
mission power in a communication system, in 
order to achieve specific performance goals. The 
performance parameters can depend on context 
and may include optimizing metrics such as link 
data rate, network capacity, geographic coverage 
and range, energy and lifetime of the network and 
network devices. 
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INTRODUCTION 

The wireless and mobile communication de¬ 
vices industry sector is experiencing an enor¬ 
mous growth. People are getting accustomed to 
be productive while on the move, utilizing the 
capabilities their wireless and mobile devices 
offer. The connectivity support, one of the most 
fundamental requirements, is certain to rely on 
the ubiquitous Internet Protocol (IP). There are, 
however, some fundamental challenges that need 
to be overcome in order to be able to use the same 
protocol architecture as the fixed users do. 

Mobility support, the first of them, stem s from 
the users’ need to communicate in every imagin¬ 
able way, while on the road, on the train, at home 
or in the office. The IP protocol suite needs to adapt 
to nowadays ’ era and start offering uninterruptible 
connectivity to devices and users, irrespective of 
their location and movement conditions. Several 
years of research work have been performed to 
accommodate mobility management in IP. The 
primary efforts focused on the ability of the mo¬ 
bile node to communicate with any other Internet 
connected node while being attached to a different 
network, which led to a procedure satisfying the 
target set, but not the actual mobility requirements 
of moving and maintaining an uninterrupted, 
smooth communication. After the baseline for 
mobility support was set, multiple optimization 
efforts began to achieve minimization of disruption 
time, optimization of resources used and generally 
satisfaction of the mobile users. 

Quality support, the second of the essential 
requirements, has a more complicated history. The 
IP protocol stack follows the end-to-end principle, 
which dictates to keep functionality and complex¬ 
ity out of the core of the network and push it to 
the end-points. In other words, end-devices can 
and should bear the complexity of evolution and 
capability additions, whereas internal devices, 
i.e. the routers, should be kept as simple as pos¬ 
sible. The simplicity requirements for the routers 
extend to simple processing for data packets, and 


memory-less operation. Following the guidelines 
strictly, every incoming packet would receive the 
same priority and would be forwarded to the same 
output queue waiting for transmission. In today’s 
Internet, however, not all packets are created equal. 
Some packet flows can cope with long delays 
and/or packet loss, whereas other flows can only 
bear extremely small delays and jitter (real-time 
voice or video communication). The desire to offer 
prioritized treatment to certain packets, so as to 
offer either guarantees or just better service, led 
to Quality of Service (QoS) schemes, which add 
processing and possibly state-fullness require¬ 
ments to the routers. 

The aforementioned efforts to provide mobil¬ 
ity support and QoS guarantees in the Internet 
began - and mostly continued independently, 
leading to inefficiencies and/or incompatibilities. 
The most obvious and cited example is the usage 
of the end-points’ IP addresses to refer also to 
a QoS state along the data path (Balakrishnan, 
Lakshminarayanan, Ratnasamy, Shenker, Stoica 
& Walfish, 2004). This QoS state identifies the 
packets that will receive a certain priority treat¬ 
ment and needs to be modified in an end-to-end 
fashion when mobility causes the modification of 
an end-point’s IP address.. Thus, the net result is 
the invalidation of the existing QoS setup along 
the data path, and, thus, the need to re-establish the 
QoS reservation according to the new IP address 
and the need to tear down the now invalidated 
QoS state throughout the data path containing 
the previous IP address. 

The mobility management and QoS incom¬ 
patibilities have been identified in the research 
literature practically from the beginning of the 
individual standardization efforts. However, the 
relative isolation between the QoS and mobility 
management specification groups, the experi¬ 
mental nature of the schemes, and the lack of 
operational use cases, prevented any harmoniza¬ 
tion attempt at least in the relevant standardization 
avenues. This finally has been changed with the 
creation of the IETF “Next Steps in Signaling” 
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working group (Next Steps In Signaling IETF 
Working Group), which undertook the difficult 
task to propose a generic signaling architecture for 
the Internet, capable of dealing with the multiple 
and contradictory signaling needs for the Internet 
infrastructure. Among them is also the undisturbed 
interaction between mobility management and 
QoS signaling and state maintenance. 

Another interesting issue that has to be dealt 
with stems from the fact that dynamic control of 
end-to-end QoS schemes requires that signaling 
has to travel from one end to the other each time 
a new session is to be established. However, if 
individual flow states are maintained at each 
router along the data path, scaling issues are 
raised, especially for the core network routers. To 
ameliorate this problem, aggregation of signaling 
state information is required. The scheme that one 
should use to minimize the processing load and 
the signaling information stored in the routers still 
remains an open issue, but is definitely something 
that needs to be specified if QoS provisioning is 
ever to be deployed in a real end-to-end fashion. 
Unfortunately, regarding their interaction with 
mobility management, the proposed aggrega¬ 
tion schemes exhibit similar incompatibilities as 
the existing individual QoS proposals. This is a 
rather important drawback since it is expected 
that in the future, users will be able to vertically 
handoff their connections from one radio access 
technology to another and even from one Internet 
Service Provider to another, thus moving partly 
away from an aggregation path. 

All the aforementioned issues are described in 
this chapter that is organized as follows. In the 
next section we provide a description of the mobil¬ 
ity management protocols and what is expected 
to prevail in the near future. Then, a discussion 
follows about the advantages and inefficiencies 
of QoS mechanisms. We present those that have 
already been standardized or have been proposed 
to deal with specific issues (e.g., aggregation of 
signaling states). Next, we discuss on current 
trends to tackle the interworking issues between 


QoS protocols and mobility management mecha¬ 
nisms. Finally, we conclude this chapter. 


PRESENTATION OF MOBILITY 
MANAGEMENT PROTOCOLS 

As it is well known, the core protocols of the 
Internet (i.e., IP and TCP) were not designed 
to handle mobile terminals. In IP networks, the 
destination IP address has topological information 
and is used to determine the next hop to forward 
a packet. On the transport layer, the TCP protocol 
maintains in formation in the form <source IP 
address, source port number, destination IP ad¬ 
dress, destination port number>. Thus, without 
any additional provision, supporting mobility in 
TCP/IP networks faces a conflict. From the one 
hand, a terminal entering a new network has to 
receive a new IP address in order to be reach¬ 
able. On the other hand, a TCP connection has 
to keep the source IP address constant because 
otherwise the connection will fail since the new 
information will not correspond to the old one. As 
we will present, the Internet community came up 
with a mobility management protocol that makes 
mobility transparent to the higher-level protocols 
and requires m in imum changes to the existing 
infrastructure. 

Mobility management consists of two distinct 
sets of operations. The first one has to do with the 
location management of the terminal. This set of 
operations includes all the procedures for updating 
the knowledge of the network about the current 
location of a terminal as well as the procedures 
for finding the current location of a terminal when 
it is required to deliver data to it. The second set 
has to do with the handover of an active flow from 
the old data path to the new one. 

Mobile IP 

All location management mechanisms, inde¬ 
pendently if they are deployed in cellular or IP 
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networks, follow some common principles. The 
overall network is divided into different areas. 
For each terminal one of these areas is called 
the “home area”. Inside the home area there is 
an entity that is aware at any time for the current 
location of a terminal. In terms of Mobile IPv4 
(Perkins, 2002), this entity is called the home 
agent (HA) and maintains a mobility binding 
table with the following information: <permanent 
home address, temporary care-of address, associa¬ 
tion lifetimes This information is kept for each 
terminal currently located outside its home area. 
To maintain the information of this table up to 
date, each time a term in al moves into a “foreign 
area” it will receive a temporary IP address that 
is called care of address (COA). As soon as the 
terminal receives this address it will inform the 
home agent. This way a terminal may have two 
IP addresses. The permanent home address is 
used to identify the terminal while the temporary 
care-of address represents the current location 
of the host and used mainly for routing purposes 
(i.e., reaching the terminal in its current location). 
This temporary address is usually assigned to 
a terminal by another specialized entity called 
“foreign agent” (FA). 

In summary, when a terminal enters into a new 
area, it discovers the existence of a new FA. Then, 
it requests a registration with the FA and send its 
home address, its media address (e.g., Ethernet 
MAC address) and the address of its HA. The FA 
then sends a registration to the HA by sending a 
message that contain s the home address of the 
terminal and its own address. This way, location 
update is performed in the HA. When a node, called 
correspondent node (CN) in the MIP terminology, 
wishes to communicate with the mobile terminal, 
it will send packets using the permanent home 
IP address of the terminal. The packets will end 
up as expected in the home area of the terminal. 
There, they will be intercepted by the HA. The 
HA, after consulting the mobility binding table, 
will construct a new IP packet in which the pay- 
load will be the original IP packet sent by the CN. 


The header of the new IP packet will have the 
temporary COA as its destination address. This 
process is called encapsulation (Perkins, 1996) 
or tunneling. The new packet will reach the FA 
that is responsible to de-capsulate the original 
packet and use the media address of the terminal 
to forward the packet to it. Note that if the mobile 
node wants to send a packet to the CN, this can be 
routed directly. This forms an asymmetry in the 
routing of packets between the two communicat¬ 
ing end nodes and is called triangular routing. 
The problem of the triangular routing has been 
solved in the MIPV6 (Johnson, Perkins &Arkko, 
2004) since the COA can be communicated to the 
CN directly. Another important difference from 
MIPv4, is that in MIPv6 there is no need to use any 
FA, since the required functionality is supported 
by the mobile terminals themselves. 

As we already mentioned, apart from loca¬ 
tion management, mobility management has to 
do handing over an active flow from the old data 
path to the new path. This functionality by defini¬ 
tion built in the MIP. If a terminal receives a new 
COA while having an active communication flow 
then the new packets will reach the ter mi nal in its 
new location as soon as the bindings have been 
updated with the newCOA. Of course, ifno special 
provision is taken then, until this binding update 
takes place, some packets will be forwarded to 
the old location of the terminal, even though it 
has already change its location, and will be lost. 
To tackle this issue several alternatives have been 
proposed like packet forwarding from the old 
location to the new one, or prediction schemes 
that start sending copies of packets to possible 
future locations of a terminal. 

Mobile IP Enhancements 
and Extensions 

Because of the dominance of the IP protocol and 
the simplicity of MIP, it is expected that it will be 
the de-facto standard even for future mobile cel¬ 
lular networks. However, MIP faces some serious 
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problems in terms of the flow disruption time and 
packet losses. This is why alternative solutions 
like Fast MIP (Koodli, 2008), Hierarchical MIP 
(Soliman, Castellucia, Malki & Bellier, 2005) and 
Proxy MIP (Gundavelli, Devarapalli, Chowdhury 
& Patil, 2008) have been introduced to deal with the 
minimization of the disruption time during a HO 
execution, the localization of signaling exchanges 
inside a pre-defined area and the transparency of 
mobility support for the end users. 

More specifically, a handover involves not 
only layer 3 operations (e.g., acquire a new IP 
address, notify the HA etc), but also some layer 2 
actions (e.g., scan for neighboring access points, 
associate and de-associate in link layer etc). 
FMIP has been specifically designed to take into 
consideration these operations and minimize as 
much as possible the disruption time by having the 
terminal collecting information and the network 
components to be configured appropriately before 
the execution of a handover. In FMIP, the terminal 
can request the serving access router (called Previ¬ 
ous Access Router - PAR) to send it information 
about a target router for a handover (called New 
Access Router - NAR). With the received infor¬ 
mation the terminal can form a perspective new 
COA. Moreover, it can request the PAR to start 
transmitting any received packets for the termi¬ 
nal to the NAR, by having the PAR to establish 
an appropriate tunnel between the two routers. 
To do this, the PAR will communicate with the 
NAR to check several issues (e.g., the validity of 
the perspective COA). When everything is ready 
the terminal is notified by the PAR to hand-off to 
the NAR. To do this, the terminal will perform 
a layer 2 association to the new network (e.g., a 
WLAN association) and will send to the NAR a 
notification to inform it that it has been attached 
under its control area and that the NAR should 
start forwarding packets for it. Up to this point, 
the packets are arriving to the terminal following 
the tunnel between the PAR and the NAR. The 
tunnel between the two nodes will remain valid 
until the terminal completes its binding updates 


with its CNs. Obviously, the aforementioned 
description is valid only when there is enough 
time for the terminal to collect all the required 
information through the old path and the routers 
to be configured appropriately. If however there 
is not sufficient time then it is most likely that 
several operations will be made through the NAR, 
resulting in an increased disruption time. 

In the case of Hierarchical MIP, the target is to 
achieve smaller disruption times by keeping any 
signaling exchange inside a pre-defined area. This 
is achieved with the use of two different CO As 
namely the Regional COA (RCOA) and the Link 
COA (LCOA). More specifically, inside a pre¬ 
defined area a new component is introduced, called 
Mobility Anchor Point - MAP. This component 
actually acts as a “local HA” for the terminals that 
remain inside the domain of the MAP. To reach 
any terminal, CNs are using a globally visible 
address (i.e., RCOA). Using this address, the 
packets will eventually arrive in the MAP entity. 
Note that as long as a terminal remains inside 
the same domain, it uses the same RCOA. Any 
packets targeted to the terminal are intercepted 
by the MAP entity and encapsulated using the 
LCOA. When a terminal moves inside a domain 
it may acquire a new LCOA. This information 
has to be transferred up to the MAP entity. It does 
not however needs to be transferred up the HA of 
the terminal. This is because the HA only knows 
about the RCOA that is unchanged as long as the 
ter mi nal keeps moving inside the same domain. 
The only case the HA needs to be updated is 
when the terminal moves into the area of a new 
MAP entity and receives a new RCOA. HMIP 
presents several advantages. First of all, signaling 
does not usually require traveling long distances 
and remains local. This means that the network 
is burdened with less signaling exchanges and 
more importantly experiences a smaller handover 
execution time. Moreover, there is some location 
privacy for the users since their exact location 
inside a domain is not known to the outside world. 
However, this solution requires the introduction of 
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Figure 1. Basic architecture for FMIPv6 and HMIPv6 



FMIP minimizes 
disruption time, by 
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tunnel before the 
execution of a 
handoff 


a new component (i.e., MAP). Figure 1 illustrates 
the operation of FMIP and HMIP. 

Finally, we briefly present the case of Proxy 
MIP since it has been selected for the interwork¬ 
ing of future mobile cellular networks (i.e., LTE/ 
SAE). The main goal of this mechanism is to ex¬ 
ecute mobility management functions in a totally 
transparent way for the terminals. In other words 
additional functions are added inside the network 
in order to leave the terminals totally unaware of 
any mobility management procedures. For this, 
two new functions are introduced namely the 
Local Mobility Anchor (LMA) and the Mobile 
Access Gateway (MAG). The former acts as the 
“home agent” for a ter mi nal located inside a spe¬ 
cific domain. The latter is a function located on 
an access router and handles all mobility related 
signaling for a terminal that is attached to the ac¬ 
cess router. When a terminal enters a Proxy MIP 
domain, the ter mi nal communicates with a MAG 
and after being authenticated, MAG is responsible 
to contact LMA and create a bi-directional tu nn el 
among them for the specific terminal. The MAG 


function is responsible to keep track of any move¬ 
ment from the ter mi nal and update accordingly 
the LMA. 

Although there have been vast research efforts 
to develop mobility management protocols, until 
now there has been no real adoption of these pro¬ 
tocols in every day life. There are many reasons 
for this. First of all, standard MIP ca nn ot easily 
support real time services when the disruption 
time during a handover is measured to be in the 
order of some seconds. Moreover, the specifica¬ 
tions are considered to be quite “heavy” to be 
executed on small mobile end devices. Finally, 
operators are in favor of network based MIP 
solutions such as PMIPV6. Obviously there are 
several open issues to be dealt like how to com¬ 
bine the aforementioned techniques to achieve 
better results and also how these protocols can 
be combined with the appropriate QoS support 
mechanisms. Some mobility protocol reviews are 
available at (Saha, Mukherjee, Misra, Chakraborty 
& Subhash, 2004). 
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QUALITY OF SERVICE 
MECHANISMS 

QoS mechanisms rely on prioritizing some traffic 
over other less important/urgent data. The pri¬ 
oritization usually aims at providing guaranteed 
minimum bandwidth, and occasionally other 
parameters, such as guaranteed maximum delays 
and jitter. The specifics of QoS provided depend 
directly on the underlying link-layer technology 
and the provisions it is able to make. However, 
the common attribute in all QoS service provision¬ 
ing schemes is that in order to provide different 
services to packets belonging to different service 
groups, the network, i.e. the routers that comprise 
it, must have a way to differentiate between the 
packets. In other words, the existence of some 
packet classification criteria at each router is the 
single common attribute in every QoS architecture 
solution in the Internet. 

The existence of the packet classification 
mechanisms in every router along the data path 
implies: 

• QoS state maintenance at each router, and 

• QoS signaling, to establish, maintain and 
teardown the QoS state. 

Integrated and Differentiated 
Services 

The Internet community introduced the Integrated 
Services (IntServ) architecture (Braden, Clark & 
Shenker, 1994) to implement the vision of end- 
to-end QoS services into specifications. IntServ 
supports end-to-end signaling, QoS state establish¬ 
ment and management for per-flow differentiated 
treatment in intermediate routers along the data 
path. The signaling protocol that emerged to meet 
the Integrated Services requirements is RSVP 
(Resource reSerVation Protocol) (Braden, Zhang, 
Berson, Herzog & Jamin, 1997). The IntServ 
architecture was designed to facilitate every QoS 


element (router functionality, signaling, and ac¬ 
counting) in a fine-grained ma nn er. To achieve 
this goal, IntServ was founded on the underlying 
assumption that a homogeneous Internet environ¬ 
ment equipped with IntServ enabled routers and 
end hosts would be the common case. 

The IntServ architecture in general and the 
RSVP protocol in particular received criticism, 
mainly due to the scalability issues raised by the 
state maintenance for every data flow in inter¬ 
mediate routers across the end-to-end path. The 
Internet community considered, therefore, other 
alternatives to the QoS provision problem. This 
time, the target was a lightweight QoS architecture 
putting as little burden in the routers as possible 
and providing coarse-grained traffic prioritiza¬ 
tion based on the statically contracted Service 
Level Agreements (SLAs) between users and the 
network. SLAs specify the amount and types of 
traffic each side has agreed to send and receive. 
The outcome was DiffServ (Differentiated Archi¬ 
tecture) (Blake, Black, Carlson, Davies, Wang & 
Weiss, 1998). 

DiffServ networks are statically configured to 
support a small set of QoS levels (PHBs - Per Hop 
Behaviors) and do not use any QoS signaling for 
state establishment and maintenance in routers. 
DiffServ routers prioritize the data packets accord¬ 
ing to a 6-bit field in the IP packet header (DSCP, 
DiffServ Code Point) that reflects the requested 
QoS level. This procedure results in aggregating 
reservations for different users sharing the same 
QoS level. Appropriate packet marking takes place 
either at end-hosts or at DiffServ edge routers 
before the traffic enters the DiffServ network. 
DiffServ edge routers perform, in addition, traffic 
classification and traffic conditioning procedures 
(including metering, marking, shaping and polic¬ 
ing) based on the contracted SLAs. In other words 
DiffServ establishes a minimum, static QoS state 
at each router, eliminating any QoS signaling and 
QoS state differentiation, the opposite of the fine¬ 
grained IntServ approach. 
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Figure 2. Two-tier QoS signaling 



MPLS, a Traffic Engineering 
Approach 

MPLS (Rosen, Viswanathan & Callon, 2001) 
employs a somewhat similar treatment to packets 
as does DiffServ. It assigns each packet an MPLS 
label (3 2-bit header) and forwards it in the interior 
of an MPLS network solely based on the value 
of that label, without any packet inspection. The 
difference to the DiffServ approach is that the 
MPLS network creates MPLS paths for each 
different label throughout the MPLS network, 
and forwards the packets through the established 
paths. Traditional IP routing is not employed inside 
the MPLS network, and the provider has ample 
opportunities to configure the service received as 
well as the path taken for each individual MPLS 
label path. Note that MPLS was not designed as 
a means to provide QoS but rather a faster way 
to route packets. However, it has been recognized 
that its built-in functionality can be used for QoS 
purposes if handled appropriately. 

QoS Aggregation 

The realization of the fact that the Internet is a 
concatenation of technologically and administra¬ 
tively different domains (Autonomous Systems 
- ASs) led to the identification of separate QoS 
techniques for the efficient support of intra- and 
inter-domain QoS. Thus, a two-tier resource man¬ 


agement model was proposed in (Terzis, Wang, 
Ogawa & Zhang, 1999), with the intra-domain 
QoS signaling performing resource management 
inside a domain, and the inter-domain signaling 
managing resource allocation between domains. 
The two tiers mustbe closely coordinated to enable 
provision of the necessary end-to-end QoS sup¬ 
port. The two-tier model increases the degrees of 
freedom regarding end-to-end QoS support, since 
each domain is free to choose any QoS support 
mechanism for allocating resources internally, as 
long as proper co-operation takes place with the 
respective inter-domain signaling protocol. 

The two-tier signaling architecture, illustrated 
in Figure 2, implies that each domain is allowed 
to use its own QoS mechanism or protocol inter¬ 
nally, allowing for concatenation of the various 
heterogeneous domains. The provision, however, 
of end-to-end QoS requires that appropriate inter¬ 
working between the intra- and the inter-domain 
QoS protocols take place at the domain boundar¬ 
ies. Multiple configurations are possible with this 
approach, including both fine- and coarse-grained 
QoS schemes, in the intra- and the inter-domain 
signaling, depending on the flexibility and sim¬ 
plicity desired to achieve. 

One of the important trends in multi-tier QoS 
schemes is the de-coupling of QoS state (as in 
packet classification and resource reservation) and 
QoS signaling state. An example of that scenario 
is the maintenance of individual flow signaling 
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Figure 3. Signaling state aggregation toward domain Dl 
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state at the QoS signaling capable border rout¬ 
ers and packet marking to impose intra-domain 
specific QoS handling (i.e. DiffServ marking or 
MPLS labeling). 

A side-effect of the two-tier architecture is the 
ne ed to maintain both intra- and inter-domain QoS 
state at the border routers as well as to perform 
the necessary mapping and parameter translation 
between them. As such, the QoS state (and by 
extension the QoS signaling if needed) needs to 
be implemented for both intra- and inter-domain 
signaling at the border routers performing the nec¬ 
essary transitional steps. The gain from imposing 
such a complexity weight on the border routers 
is the bare simplicity of the internal routers and 
the mi nimal QoS state and signaling needed. An 
extensive review of the tradeoffs imposed on the 
specific paradigm can be found in (Vali, Paskalis, 
Kaloxylos & Merakos, 2004). 

There are only a few alternatives for aggre¬ 
gating signaling information. Arguably, the most 
straightforward way to aggregate signaling is to 
re-use the existing signaling protocol (Baker, Itur- 
ralde, Faucheur & Davie, 2001). Using a single 


RS VP reservation to aggregate other RSVP reser¬ 
vations across a transit routing region consolidates 
the signaling state inside that region in just one 
entry. Other approaches completely dismiss the 
use of RSVP and propose their own mechanisms 
for aggregation purposes. The DARIS (Dynamic 
Aggregation of Reservations for Internet Services) 
architecture (Bless, 2002) assumes the existence of 
a central resource management entity inside each 
DiffServ domain that has a complete knowledge 
and control of the resources inside the domain. 
DARIS enables the creation of an aggregate be¬ 
tween two arbitrary domains as soon as a threshold 
of active common reservations between the two 
domains is exceeded. 

Acouple of other aggregation techniques focus 
onthereservationattheAS (Autonomous System) 
level. A scheme designed for aggregate inter¬ 
domain usage between heterogeneous domains 
(Autonomous Systems) is the Border Gateway 
Reservation Protocol (BGRP) (Pan, Schulzrinne 
& Hahne, 2000). BGRP operates end-to-end only 
between domain border routers and aims at aggre¬ 
gating reservations between domains improving 
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scalability. BGRP uses the sink-tree aggregation 
approach and performs reservation aggregation by 
building a sink tree for each destination domain 
(Figure 3). Reservations from different source do¬ 
mains that are destined towards the same destina¬ 
tion domain are aggregated along the path, forming 
a sink-tree rooted at the destination domain edge 
router. The Shared-segment based Inter-domain 
Control Aggregation Protocol (SICAP) (Sofia, 
Guerin & Veiga, 2003) is another approach for 
supporting aggregate inter-domain reservations 
between Autonomous Systems (ASs). 

The need for a generic Internet signaling 
framework led to the development of the NSIS 
framework (Hancock, Karagiannis, Joughney & 
den Bosch, 2005). NSIS consists of two layers, the 
underlying General Internet Signaling Transport 
(GIST) (Schulzrinne & Hancock, 2009 and the ap¬ 
plication specific NSIS Signaling Layer Protocol 
Protocol (NSLP), which in the QoS case is the 
QoS-NSLP (Manner, Karagiannis & McDonald, 
2009). The QoS-specific signaling protocol of 
NSIS is similar in concept to RSVP, dealing with 
individual flows, and maintaining soft state for 
each of them. The important difference regarding 
mobility interaction is the choice of a Session ID 
irrelevant to the end-point location identifiers (IP 
addresses). 

Each of the proposed QoS schemes usually 
provides a differentpacket classification option for 
the packet flows. Table 1 lists some of those. 

Two- or multiple tier models usually employ a 
simple packet classification approach (DiffServ or 
MPLS), enjoying the fast and stateless operation 
for the intra-domain packet classification. The 
inter-domain packet classification, as well as the 


necessary signaling state required, is amuchbigger 
issue. If end users are capable of QoS signaling, 
i.e. requesting and receiving specific time- and 
service-based QoS, then either RSVP or QoS- 
NSLP is used, the packet classification criteria 
are session-based and the signaling state contains 
information about each session. If only AS border 
routers handle QoS provisioning, then the packet 
classification may still be simple (i.e. DiffServ), 
but the signaling state contains information about 
session aggregations. 

The most relevant to QoS and mobility man¬ 
agement interaction attribute is the content of Qo S 
signaling state, and especially the identity of each 
state. Table 2 presents the signaling state main¬ 
tained for some of the presented QoS proposals. 

MOBILITY AND QOS INTERACTION 

The most important clash between IP mobility 
management assumptions and IP QoS assump¬ 
tions is the consideration of the IP address as 
an immutable identifier for the end host. The 
historic dual consideration of the IP address as a 
geographic/topological qualification and a unique 
identifier provides many advantages when net¬ 
worked devices do not move. In our post-classic 
era, though, this is no longer the case, and mo¬ 
bility considerations dictate the use of several IP 
addresses from a node as it moves and changes 
points of attachment. The same logic applies to 
multi-homed devices, which connect to multiple 
networks simultaneously, seeking optimal con¬ 
nectivity. 


Table 1. Packet classification arguments 


RSVP 

5-tuple <Protocol, Source Address, Source Port, Destination Address, Destination Port> 

DiffServ 

DiffServ code point (DSCP) - a 6-bit field in the IP TOS field 

MPLS 

MPLS Label stack (shim header) 

QoS-NSLP 

Packet classifier object (more flexible than RSVP’s 5-tuple) 
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Table 2. Signaling state maintained at each intermediate router 


RSVP 

5-tuple <Protocol, Source Address, Source Port, Destination Address, Destination Port> 

DiffServ 

None 

MPLS 

None 

BGRP 

Autonomous System Number 

SICAP 

Intermediate border router (Intermediate De-aggregation Location - IDL) 

DARIS 

Intermediate router or AS 

QoS-NSLP 

Session ID (random 128 bit number) 


The optimum utilization of access networks 
resources is a critical issue, especially in large 
domains, containing a significantnumber ofwire- 
less devices. In such networks, the administrator 
has to deal not only the scarce resources on the 
wireless links, but also with the efficient utiliza¬ 
tion of the expensive resources in the link(s) to 
the upstream ISP. 

This task becomes more challenging when 
the wireless devices are also mobile ones.If no 
special care is provided mobile terminals face long 
service disruption times. Moreover, the delay to 
reorganize reserved resources in the end-to-end 
path (reserve resources in the new path and re¬ 
lease the ones in the old path) results in a waste 
of network resources for this time period. This 
percentage is expected to be significant when a 
large number of mobile ter mi nals resides in the 
access network or when the terminals demonstrate 
a high mobility rate. 

Interaction with RSVP 

The existing QoS protocols, such as RSVP, do not 
interact well with the IP address change, imposed 
by Mobile IP. If a mobile host (MH), with estab¬ 
lished RSVP data flows, performs a network layer 
handoff, it acquires a new IP address (Care of Ad¬ 
dress, COA) (Perkins, 2002; Johnson, Perkins & 
Arkko, 2004), and a new round of RSVP signaling 
exchanges must be triggered. RSVP creates soft 
session states in every intermediate router of the 
traffic flow. Each session is uniquely identified by 


the “Session” object, whichis defined by the triplet 
<DestAddress, DestPort, [ProtocolId]>. Thus, the 
downlink reservation (the packet flow toward the 
mobile) becomes invalid, when the DestAddress 
parameter is modified due to mobility. The new 
uplink re-establishment is also affected, since the 
RSVP “Path” messages sent by the MH contain its 
new IP address in the “Sender Template” object. 
These messages sent and received by the MH at 
its new location are considered to correspond to 
a new session, and generate a new “Path” state 
(Braden & Zhang, 1997). 

The major problems emerging from this mobili- 
ty-QoS interaction are: (a) the sessions ffomandto 
the MH may not receive expected QoS treatment, 
and (b) the reserved resources that correspond to 
the old COA will not be available to other traffic 
until the RSVP soft states expire thus, becoming 
what we will refer to as stale sessions and stale 
reservations, respectively. As illustrated in Figure 
4, when the MH switches to a different point of 
attachment and assigns itself a new IP address, 
end-to-end RSVP signaling (Path/Resv messages) 
must traverse the network in order to re-establish 
the QoS reservation pointing to the current COA 
of the MH. Moreover, explicit teardown of the 
stale sessions (through PathTear/ResvTear mes¬ 
sages) may be initiated, either by the MH or the 
correspondent node, in order to avoid resource 
waste until the stale reservations expire. 

The research community has identified the 
need for efficient interaction between mobility 
and QoS, and has proposed a number of different 
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Figure 4. Handoff and RSVP interaction 



approaches to the problem. The various proposals 
try to meet the diverse requirements (Chaskar, 
2003) from different angles. 

To minimize the time needed for re-organiza- 
tion of the network resources, proposals included 
RSVP modifications and extensions that deal 
with context transfers between successive access 
routers (Kempf, 2002), proactive reservations to 
neighboring access routers with the use of mobile 
agents for reserving passive or pseudo-reserved 
resources, or multicasting in hierarchical or not 
domains (Talukdar, Badrinath & Acrarya, 2001; 
Huang & Chen, 2003; Lee, Kim, Chanson, Yu & 
Lee, 2003; Chang, Lee & Lee, 2005; Tseng, Lee, 
Liu & Wang, 2003; Chen & Huang, 2000). These 
solutions address the time minimization issue on 
the cost of complex procedures. 


Other researchers suggested that one needs to 
find the cross-over router for a moving terminal 
and simply reconfigure the network in a way that 
the resources of the old branch are now reserved 
in the new branch (Moon & Aghvami, 2001, 
2004). Some proposals limit their scope to an ad¬ 
ministrative domain (e.g. an access network) and 
propose either modifications to RSVP (Manner & 
Raatikainen, 2003) or the addition of functionality 
to cross-over routers (Paskalis, Kaloxylos, Zervas 
& Merakos, 2003). 

All of the above proposals contain either quali¬ 
tative or quantitative performance comparison 
results which show the required improvement 
regarding the proposed scheme and the original 
standard. More extensive reviews comparing the 
qualitative aspects of each scheme can be found 
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at (Belhoul, §ekercioglu & Mani, 2008) and 
(Manner, Toledo, Mihailovic, Munoz, Hepworth 
& Khouaja, 2002). 

The obvious solution to the state modification 
after a handoff is the de-coupling of state session 
identification from end point IP addresses. One of 
the proposals suggested modifying RS VP signal¬ 
ing, so that a unique session identity (possibly a 
random integer) was included in the Session and 
Sender Template fields (Thomas, 2002). The mes¬ 
sage processing rules should also be modified to 
deliver the same QoS to packets originating or 
destined to different IP addresses, but conforming 
to the same session ID. Similar approaches were 
suggested by (Shen, Lo, Seah & Ko, 2000), where 
the immutable Home Address assumes the role 
of session ID, and (Kuo & Ko, 2000), where the 
IPv6 Flow Label is the session reference identi¬ 
fier. The urge to create a signaling protocol with 
a mobility-immutable Session ID gave birth to 
the creation of the IETF NSIS Working Group 
and the proposal of a suite of signaling protocols, 
which dealt with RSVP shortcomings. 

Interaction with QoS-NSLP 

The development of QoS-NSLPhad one particular 
feature regarding mobility considerations. QoS- 
NSLP decouples QoS state and flow identification. 
Session ID (SID), a cryptographically random 
number, which is probabilistically globally unique, 
is the state reference object. The NSIS Transport 
Layer Protocol (GIST) notices when a routing path 
associated with a SID changes, and provides a 
notification to the NSLP. It is then up to the NSLP 
to update the state information in the network (T. 
Sanda, Fu, Jeong, Manner & Tshofenig, 2009). 
Thus, the effect is an update to the states, not a 
full new request. 

The actual signaling and state re-establishment/ 
maintenance burden imposed on the network 
depends on the location of the cross-over router 
(the router where the old path and the new path 


converge), and whether the mobile end point 
changed IP addresses or not. 

Figure 5 illustrates the typical message ex¬ 
change for QoS-NSLP after a handoff, where the 
mobile host (MH) switched points of attachment 
and possibly changed its IP address. To re-establish 
a QoS reservation with its corresponding node 
(CN), it needs to re-initiate the reservation proce¬ 
dure sending RESERVE messages along the new 
data path toward the CN. The first QoS-NSLP 
aware router that receives a RESERVE message 
that contains the same Session ID, but different 
SII (Source Identification Information) or MRI 
(Message Routing Information), realizes that 
one of the end points performed a handoff and 
that itself is the crossover router (CRN) for the 
specific session involving a handoff. 

F or the part of the path that did not contain any 
session state, (i.e. the MH—>CRN part), Connec¬ 
tion Admi s sion Control, and state establishment 
must be processed as with any new QoS request. 
For the part of the path, though, after the crossover 
router (i.e. the CRN—>CN part), the implications 
of QoS-NSLP signaling are just state updates to 
reflect the new conditions regarding the IP address 
of the mobile host, and, consequently, performed 
much faster and easier. 

The crossover router can also issue a NOTIFY 
toward the previous location of the MH, which 
travels hop-by-hop, until it reaches its old access 
router (Rl). R1 figures out that MH has left its 
network service and sends a teardown request 
RESERVE(T) toward the other end of the session, 
i.e. the correspondent node, which destroys QoS 
states along the way. CRN intercepts this message 
and discards it, since its purpose was to free the 
reserved resources in the now stale part of the old 
data path (i.e. R1 —>CRN). 

The use of QoS-NSLP solves one of the big¬ 
gest incompatibility problems between mobility 
management and QoS setup. Despite these ef¬ 
forts, the need for end-to-end signaling has not 
disappeared, since state updates regarding the 
packet classification scheme employed, must be 
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Figure 5. Message exchange after a handoff in QoS-NSLP 



re-installed along the data path. Note also that if 
localized signaling is desired, one must deploy a 
mobility management protocol such as HMIP, that 
“hides” the movement of the mobile host inside 
an HMIP domain, presenting a stable IP address 
as the MH COA to the outer environment. 

Aggregating Resources and Mobility 

As already mentioned, there are only a few alterna¬ 
tives for aggregating signaling information. Their 
main operation is to aggregate a large number 
of signaling states into a single state through a 
specific path located between one aggregation 
and one de-aggregation point. As it is obvious, 
between these two points any signaling informa¬ 
tion for a specific flow is lost. This functionality is 
advantageous for fixed terminals since it eliminate 
a vast number of signaling states, especially from 
the core network routers. 

Future scenarios expect users to be able to 
vertically handofftheir connections from one radio 
access technology to another or even dynamically 
select to switch from one Operator, or Internet 
Service Provider, to another (e.g., handover from/ 
to WLAN to/from WiMAX, UMTS etc). In these 
cases it is possible that the new end-to-end path, 
although sharing a large segment with the old 


one, will not include the previous aggregation 
or de-aggregation points. Since the intermediate 
routers do not have any means to recognize that 
some resources have already been reserved, under 
an aggregated signaling state, they will attempt 
to reserve from scratch new resources. Thus, 
resources need to be re-established in an end-to- 
end fashion, despite the fact that a portion of the 
previously established path could be re-used. This 
is actually a problem similar to the one arisen for 
the interworking between MIP and RSVP. 

The existing standard and the few alternative 
proposals have not been designed to deal with this 
problem. Thus, additional functionality is needed. 
A possible solution to this problem has been pro¬ 
posed in (Kaloxylos, Vali, Paskalis, Panagiotou, 
Gonianakis & Zervas, 2006) where appropriate 
extensions to BGRP have been designed. However, 
since the signaling aggregation problem has not 
solved yet, we note that any future solution should 
take into consideration the inefficiencies thatmay 
be caused by the mobile terminals. 

FUTURE RESEARCH DIRECTIONS 

In the future mobility management and QoS 
provisions need to be integrally designed in the 
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system in order to be fully and flexibly functional. 
Although the problem spaces (for mobility and 
quality of service) are distinct, their intersection is 
nottrivial. Perhaps, some hard design choices need 
to me made breaking backwards compatibility 
with existing standards and functionality. 

One such attempt is to distinguish the host 
identity from its topological association, making 
the IP address a routing only designator. Such an 
attempt is proposed by HIP (Moskowitz & Ni- 
kander, 2006), the Host Identity Protocol, which 
tries (among other things) to create a new identity 
layer, not connected to IP semantics. There is, 
however, little work done about any QoS needs 
regarding this proposal, and the security/privacy 
semantics it may need to offer. 

Another aspect worth taking into account is 
the value of signaling aggregation (QoS signaling 
mostly) and its repercussion on mobility manage¬ 
ment. Since individual QoS state is removed and 
possibly re-instated at a later time, how will this 
affect any mobility state? Should mobility state 
maintain a much lighter QoS state? How will any 
movement affect the aggregated QoS state. All 
these questions are still open. 

Most research has been done on achieving 
effective and fast handoff functionality, so that 
little or no content is dropped during movements. 
Whereas, this is the most user-visible metric, the 
smooth handoff challenge is still ongoing with the 
constant modification of the underlying param¬ 
eters, rendering the problem a moving target. 

In conclusion, most if not all, of the individual 
subj ects in mobility/QoS interaction are still open 
and in need of integration in a grander view. 

CONCLUSION 

In this book chapter we present the main mobil¬ 
ity management protocols that are present in 
the Internet and the QoS protocols that attempt 
to solve the end-to-end QoS support. In the last 
category we also present protocols that deal with 


the aggregation of QoS signaling states. Our aim 
is to identify the problems that arise from the 
interworking of these mobility management and 
QoS support protocols. The chapter identifies open 
issues, even in the latest standardization attempts 
and provides hints on how these can be tackled. 
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ABSTRACT 

Large deployments of access points in wireless local area networks (WLANs) based on the IEEE 802.11 
standard require management, configuration and control mechanisms. Centralized WLANs are defined 
as multi-cell wireless access networks that implement some of these functions in a centralized manner. 
In this chapter the authors illustrate how the mechanisms designed for the management of centralized 
WLANs can also be usedfor monitoring parameters related to QoS support andfor pursuing QoS goals. 
They describe the Control and Provisioning Wireless Access Protocol (CAPWAP), a recent IETF stan¬ 
dard for the management of centralized WLANs which is currently in the final stages of the definition 
process, its implementation for the existing types of centralized WLANs, and its use for monitoring and 
QoS management. The authors discuss the QoS goals that can be pursued in this framework, such as 
access control, load balancing, cell resizing, and Medium Access Control parameters adaptation, as 
well as the algorithms and strategies that can be used to fulfill them. 


INTRODUCTION 

The notion of Mobile Internet relies on scenarios 
where mobile users may have access anytime and 
anywhere to conventional and emerging Web ap- 
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plications requiring multimedia and interactive 
communications. Wireless access networks are 
the key element to implement these scenarios and 
much work has been done in recent years to develop 
and improve wireless technologies, including the 
introduction of support for mobility and Quality of 
Service. In this respect, special interest has been paid 
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to wireless local area networks (WLANs) based on 
the IEEE 802.11 standard (I.S. 802.11,2007), that 
exhibits characteristics useful to pursue the goals 
of the Mobile Internet, including a large number 
of installations in a wide range of contexts. 

Three main trends have emerged in the last 
years in the evolution ofwireless access networks. 
The first one is the deployment of large access 
networks based on wireless technologies, with the 
aim of providing uniform coverage and connec¬ 
tivity to wider areas. This aim has been pursued 
either by the installation of new large access 
networks, or by integrating existing networks in a 
single administrative federation. Amaj or problem 
in this respect is the lack of standard configura¬ 
tion tools to manage the access network, and the 
consequent need for inter-operable solutions. A 
second trend is the integration ofnetworks based on 
heterogeneous technologies to enhance connection 
opportunities. The most cited case is the integra¬ 
tion of cellular data networks with IEEE 802.11 
WLANs. This trend has triggered much research 
effort in the area of mobility management, spe¬ 
cifically vertical hand-off among heterogeneous 
networks, and in the area of adaptive behavior to 
variations of network conditions. The third trend 
is the enhancement of the service provided by 
wireless access networks with the introduction 
of features like security, fast and transparent mo¬ 
bility support, quality of service, access control, 
accounting, etc. 

In this chapterwe discuss howthe introduction 
of a network management protocol specifically 
designed for wireless networks can be of help in 
pursuing the above goals. To this end, in the rest 
of the chapter we describe the current proposal 
for the CAPWAP protocol and its current imple¬ 
mentations, together with its utilization as a tool 
to monitor and manage wireless access networks. 
An attractive feature of this approach is that the 
resulting schema can be considered as a frame¬ 
work in which specific solutions to individual 
problems can be integrated to provide a global 


enhancement in the functionalities of wireless 
access networks. 


BACKGROUND 

The Rationale Behind Centralized 
WLAN Architecture 

Bom as a wireless extension of small office or 
home networks, WLANs have experimented 
a growing success as access networks that are 
efficient and easy to deploy Their popularity 
has triggered the deployment of larger wireless 
networks in areas such as university campus, cor¬ 
porate buildings and also metropolitan areas. The 
early implementations of a WLANs followed a 
pattemknown as Autonomous WLAN architecture: 
a single Access Point (AP), or a small collection 
of Access Points, related to some geographically 
restricted area such as an office or a building. An 
autonomous network is manually configured, it 
defines its own access rules and it is substantially 
unaware of other nearby WLANs. However, the 
management of a large multi-cell WLAN as a 
collection of separate autonomous networks is 
both complex and inefficient. On one side, for 
lack of coordinated management functionalities, 
there is the need to manually configure each cell, 
which may prove unfeasible or too expensive. On 
the other hand, the problems or opportunities due 
to the interaction of the cells cannot be managed. 
A classical example is the problem of planning 
the frequencies used by the Access Points in a 
large WLANs: it is intuitive that the problem 
of reducing the interference among overlapping 
cha nn els ca nn ot be solved at each Access Point 
since it requires some kind of global coordina¬ 
tion. Another typical issue is related to the load 
balancing among adj acent cells. In situations when 
many users are concentrated in a single cell (think 
of a classroom that is using wireless connectiv¬ 
ity for some task), it makes sense to balance the 
number of associated users by moving some of 
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them to adjacent cells. This in turn may require 
to increase the transmission power of nearby 
Access Points while reducing the power of the 
Access Point of the original cell to facilitate the 
migration. A positive outcome of this strategy is 
not only to improve the service offered in presence 
of unexpected concentrations of users, but also 
to decrease the need of the over-provisioning of 
wireless resources, thus leading to less expensive 
deployments. 

The introduction of WLANs belonging to the 
Centralized WLAN architecture family stems from 
this need to enable network-wide monitoring, 
improve management scalability, and facilitate 
dynamic configurability. In order to clarity the 
issues related to centralized networks and the 
differences with respect to autonomous networks 
we briefly summarize the network functions and 
services of the original IEEE 802.11 standard. A 
WLAN architecture can be considered as a type 
of cellular architecture, where each cell is called 
Basic Service Set (BSS) and is controlled by a 
base station called Access Point. Each network 
has a name called Service Set Identifier (SSID) 
which is advertised by the AP in special control 
messages called beacons. When two or more APs 
using the same SSID are connected viaabroadcast 
layer 2 network, called Distribution System (DS), 
an Extended Service Set (ESS) is created. The 
standard also defines a set of networking services, 
which are categorized into station services and 
distribution services. Specifically, station services 
are the Authentication, Deauthentication, Confi¬ 
dentiality, and MSDU Delivery services, while 
the distribution services include Association to 
the access point, Disassociation, Reassociation, 
Distribution in the whole ESS, Integration towards 
non-802.11 networks. Additional Medium Access 
Control (MAC) services are defined in the stan¬ 
dard for optimizing and protecting the use of the 
wireless resources by means of rate adaptation, 
quality of service differentiation, encryption/ 
decryption, and so on. 


Contrary to the Autonomous WLAN Archi¬ 
tecture, where the IEEE 802.11 functions and 
network control functions are all implemented 
within a single physical device, the Centralized 
WLAN Architecture employs one or more central¬ 
ized controllers, called Access Controllers (Yang, 
2005), referred to in the following as ACs. In short, 
the Centralized Architecture distributes between 
two categories of devices the logical functions that 
in the IEEE 802.11 standard are broadly described 
under the term “Access Point”. For this reason, 
in the context of the Centralized architecture, the 
base station that provides to the mobile stations 
the wireless connectivity is referred to as Wire¬ 
less Termination Point (WTP) instead of Access 
Point. The Access Controller and the WTPs are 
connected either trough a direct connection, or 
a layer 2 switched, or a layer 3 routed network. 
The Access Controller exchanges configuration 
and control information with the WTP devices, 
allowing the management of the network from 
a centralized point. The forth coming protocol 
used for the communication among the Access 
Controller and the WTPs is called and Provision¬ 
ing Wireless Access Protocol (CAPWAP) and it 
is currently undergoing the final stages of defini¬ 
tion (Calhoun, 2008). Designs of the Centralized 
WLAN Architecture family do not presume that 
the Access Controller necessarily intercedes in 
the data plane to/from the WTP, even though this 
is not excluded. Even if the Access Controller is 
a single logical entity, its functionalities may of 
course be distributed across multiple physical 
devices, due to their different nature in terms of 
resource requirement (suchas CPU, storage, etc.). 
The use of multiple Access Controllers can also 
increase the resilience of the network, avoiding 
the presence of a single point of failure. 

Since the introduction of the Centralized 
Architecture was originally motivated by the 
practical need of providing configuration tools 
and other value added services to the network 
administrators, its definition has come after the 
diffusion of proprietary solutions developed 
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by vendors of network services. The increased 
demand for monitoring and consistent configu¬ 
ration of large wireless networks has resulted in 
a set of ‘value-added’ services provided by the 
various vendors, most of which share common 
design properties and service goals. Nonetheless, 
these proprietary solutions differed for the level 
of centralization they offer, which is a direct con¬ 
sequence of the flexibility characterizing in the 
IEEE 802.11 standard the implementation of the 
logical functions attributed to the AP. Needless to 
say, the protocols developed by vendors for the 
communication among the Access Controller and 
the WTPs were also not inter-operable, and this 
led to the standardization effort carried on by a 
IETF Working Group that focused on analyzing 
the existing solutions and resulted in the ongoing 
definition of the CAPWAP protocol. 

In (Yang, 2005) the solutions belonging to 
the Centralized Architecture family are catego¬ 
rized in three distinct groups according to their 
level of centralization, namely the Local MAC, 
Split MAC, and Remote MAC approaches. The 
naming of Local MAC, Split MAC, and Remote 
MAC reflects how the functions, and especially 
the 802.11 MAC functions, are mapped onto the 
network entities. Local MAC indicates that the 
MAC functions stay intact and local to WTPs, 
while Remote MAC denotes that all the MAC has 
moved away if om the WTP to a Access Controller 
(This solution is restricted to very few industrial 
applications and it will be not considered further). 
Split MAC shows the MAC being split between 
the WTPs and Access Controller. Typically, Split 
MAC designs choose to put real-time functions on 
the WTPs while leaving non real-time functions 
to the Access Controllers. IEEE 802.11 does not 
clearly specify what constitutes real-time functions 
versus non real-time functions, and so a clear and 
definitive separation line does not exist. However, 
all SplitMAC designs agree on the characterization 
of the majority of MAC functions. For example, 
wireless cha nn el access mechanisms are always 
regarded as real-time functions. 


• The main motivation of the Local MAC ar¬ 
chitecture model is to offload network ac¬ 
cess policies and management functions to 
the Access Controller without splitting the 
IEEE 802.11 MAC functionality between 
WTPs and Access Controller. The whole 
IEEE 802.11 MAC resides on the WTPs 
locally, including all the IEEE 802.11 man¬ 
agement and control frame processing for 
the stations. On the other hand, information 
related to management and configuration 
of the WTP devices is communicated with 
a centralized Access Controller to facilitate 
management of the network and maintain a 
consistent network-wide configuration for 
the WTP devices. 

• The main idea behind the Split MAC ar¬ 
chitecture is to implement part of the IEEE 
802.11 MAC functionality on a centralized 
Access Controller instead of the WTPs, 
in addition to providing the required ser¬ 
vices for managing and monitoring the 
WTP devices. In the Split MAC architec¬ 
ture, the WTP terminates the infrastructure 
side of the wireless physical link, provides 
radio-related management, and also imple¬ 
ments time-critical functionality of the 
IEEE802.il MAC. In addition, the non 
real-time management functions are han¬ 
dled by a centralized Access Controller, 
along with higher level services, such as 
configuration, QoS, policies for load bal¬ 
ancing, and access control lists. 

As shown in Table 1, the key distinction be¬ 
tween Local MAC and Split MAC relates to non 
real-time functions: in Split MAC architecture, 
the Access Controller terminates IEEE 802.11 
non real-time functions, whereas in Local MAC 
architecture, the WTP terminates the IEEE 802.11 
non real-time functions and consequently sends 
appropriate messages to the Access Controller. 
There are several motivations for taking the Split 
MAC approach. The first is to offload functionality 
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Table 1. Split MAC and local MAC comparison 


Function 

Location 

Split MAC 

Local MAC 

Distribution Service 

AC 

WTP/AC 

Intej jn Service 

AC 

WTP 

Beacon Generation 

WTP 

WTP 

Power Management 

WTP 

WTP 

Association/disassociation 

AC 

WTP 

IEEE802.il QoS 

AC 

WTP/AC 

Scheduling 

WTP/AC 

WTP 

Queuing 

WTP 

WTP 

IEEE 802.11 RSN 

AC 

AC 

IEEE 802.11X/EAP 

AC 

AC 

RSNA key management 

AC 

AC 

IEEE 802.11 Encryption/decryption 

WTP/AC 

WTP 


that is specific and relevant only to the locality 
of each BSS to the WTP, in order to allow the 
Access Controller to scale to a large number of 
‘light weight’ WTP devices. Moreover, real-time 
functionality is subject to latency constraints and 
ca nn ot tolerate delays due to transmission of 
IEEE 802.11 control frames (or other real-time 
information) over multiple-hops. Another consid¬ 
eration is cost reduction of the WTP to make it 
as cheap and simple as possible. Finally, moving 
functions like encryption and decryption to the 
Access Controller reduces vulnerabilities from a 
compromised WTP, since user encryption keys no 
longer reside on the WTP. As a result, any advance¬ 
ment in security protocol and algorithm designs 
do not necessarily obsolete the WTPs; the Access 
Controller implement the new security schemes 
instead, which simplifies the management and 
update task. Additionally, the network is protected 
against LAN-side eavesdropping. 

The CAPWAP Protocol: Features, 
Design and Implementation Issues 

The Control And Provisioning of Wireless Access 
Points working group (Calhoun, 2008) is a recent 


effort of IETF aiming at defining an inter-operable 
protocol, enabling anAccess Controller to manage 
and control a collection ofpossibly heterogeneous 
WTPs. Although originating from IEEE 802.11 
architectures, the CAPWAP specifications aim 
at being independent of a specific WTP radio 
technology. The goals explicitly stated in current 
specifications of CAPWAP are the following: 

• centralize authentication and policy 
enforcement functions for a wireless 
network; 

• move processing away from the WTPs, 
leaving there only time critical functions; 

• provide a generic encapsulation and trans¬ 
port mechanism. 

Currently the CAPWAP protocol defines the 
communication and general management func¬ 
tions among the Access Controller and WTPs. 
CAPWAP control and data messages are sent using 
UDP, over separate UDP ports, and secured using 
DTLS, the Datagram Transport Layer Security 
(Dierks, 2006). 

CAPWAP defines a discovery protocol for 
the automatic association of WTPs to the Access 
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Controller. As soon as the WTP is turned on, it 
sends a Discovery Request message {Discovery 
phase). Any Access Controller receiving this 
request responds with a Discovery Response 
message. Hence, the WTP selects the Access 
Controller, if any responded, with which it wants 
to interact and it establishes a DTLS session with 
it. Once the DTLS session has been established, 
both devices exchange their configurations and 
capabilities. The WTP is then ready to send and 
receive CAPWAP messages to/from the Access 
Controller {Run phase). 

The CAPWAP protocol transport layer in¬ 
troduces resiliency using a request/response 
paradigm, where timeouts schedule retransmis¬ 
sions when a response does not follow a certain 
request. Two types of payload may be managed by 
this transport protocol: CAPWAP data messages 
and CAPWAP control messages. CAPWAP data 
messages encapsulate wireless frames forwarded 
by the WTP to the Access Controller or by the 
Access Controller to the WTP. CAPWAP control 
messages are CAPWAP management, control or 
monitoring messages exchanged among Access 
Controller and WTPs. 

The CAPWAP protocol has been designed to 
accommodate the needs of any wireless technol¬ 
ogy. Indeed, the specifications in (Calhoun, 2008) 
do not assume any specific message related to 
any particular wireless technology. The imple¬ 
mentation of CAPWAP for a specific wireless 
technology is called a “binding”. For instance, 
(Calhoun, 2008b) defines the binding for IEEE 

802.11 WLANs. Specifically, (Calhoun, 2008b) 
considers two of the Centralized Architectures 
described in the previous section: Split MAC and 
Local MAC. In a CAPWAP Split MAC architec¬ 
ture, the distribution and the integration services 
reside on the Access Controller, whereas in a Local 
MAC architecture, the integration service exists 
on the WTP, while the distribution service may 
reside on either the WTP or the Access Controller. 
The distribution service enables the MAC layer to 
transport data units between stations, when those 


stations cannot communicate directly over a single 
instance of the wireless medium. The integration 
service enables the delivery of data between IEEE 

802.11 and non-IEEE 802.11 devices. 

The Local MAC mode of operation allows for 
the data frames to be either locally bridged, or 
tunneled as 802.3 frames. When the distribution 
service resides on the Access Controller, frames 
generated by end-user wireless devices are not 
tunneled to the Access Controller in their native 
format, but encapsulated as 802.3 frames. When 
the distribution service resides on the WTP, frames 
generated by end-user wireless devices are locally 
bridged. In both cases, the layer 2 wireless man¬ 
agement frames are processed locally by the WTP, 
and then forwarded to the Access Controller. 

In Split MAC mode the distribution and 
integration services reside on the Access Con¬ 
troller and therefore all layer 2 wireless data 
and management frames are encapsulated by 
the WTP via the CAPWAP protocol and directly 
forwarded to the Access Controller. Real-time 
IEEE 802.11 services, including the Beacon and 
Probe Response frames, are handled on the WTP. 
All remaining IEEE 802.11 MAC management 
frames are supported on the Access Controller, 
including the Association Request frame which 
allows the Access Controller to be involved in the 
access policy enforcement portion of the IEEE 

802.11 protocol. 

With respect to the IEEE 802.11 QoS func¬ 
tionalities, the Local MAC architecture requires 
the WTP to support them. In Split MAC mode, 
the queuing function is also in charge of the WTP, 
whereas the real time scheduling can be managed 
either by the WTP or by theAccess Controller. For 
both architectures, the IEEE 802. IX and RSNA 
Key Management functions reside in the Access 
Controller. Therefore, the WTP needs to forward 
all IEEE 802.1 X-RSNAKey Management frames 
to the Access Controller and forward the corre¬ 
sponding responses to the end user device. 

When needed, the transport of IEEE 802.11 
frames is realized using the CAPWAP data mes- 
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sages encapsulationrules. IEEE 802.11 header and 
payload are encapsulated, while the FCS checksum 
is excluded. An optional CAPWAP header may 
be added. When the frame is encapsulated by the 
WTP, the optional header contains information 
on the Received Signal Strength Information, the 
Signal to Noise Ratio and the data rate used by the 
sending station. When the frame is encapsulated 
by the Access Controller, the optional header 
informs the WTP about the WLAN identifier to 
be used when sending the frame. As explained 
above, encapsulation is not used for data mes¬ 
sages in a Local MAC architecture, since in this 
case the WTP acts a traditional AP and forwards 
the data in a frame with a new MAC layer header 
(usually, a IEEE 802.3 header). 

CAPWAP control messages for IEEE 802.11 
are enriched by the introduction of specific in¬ 
formation for radio control, management and 
monitoring. Moreover, special control frames for 
the Quality of Service management are defined in 
(Calhoun, 2008b). The Quality of Service man¬ 
agement is based on the Enhanced Distributed 
Channel Access mechanism (EDCA), originally 
defined in the IEEE 802.1 le standard andrecently 
included in the IEEE 802.11 standard (I.S. 802.11, 
2007). 

EDCA prioritizes traffic according to four 
Access Categories: Voice, Video, Best Effort and 
Background. The priority of eachAccess Category 
is controlled by five MAC layer parameters: AIFS, 
CWmin, CWmax, TXOPlimit and qdepth. To be 
more specific, eachAccess Category within each 
station implements a slotted CSMA/CA chan¬ 
nel access protocol. The AIFS defines the fixed 
waiting time for carrier sensing that a specific 
Access Category has to use before any attempt 
to transmit. The CWmin and CWmax control the 
exponential backoff algorithm implemented by 
each Access Category. They aim at mitigating 
network congestion. The TXOPlimit is a maximum 
channel holding time. When an Access Category 
transmits successfully, that Access Category can 
transmit other frames without contending with 


other stations until this time has expired. Eventu¬ 
ally, the q depth parameter is not directly speci¬ 
fied by EDCA, but it represents the maximum 
number of packet that may be buffered in each 
Access Category queue. It can be used to control 
the trade-off between delay and loss in the send¬ 
ing queue. 

To the best of our knowledge, the only com¬ 
plete open source CAPWAP implementation is 
OpenCAPWAP, reported in (Bemaschi et el., 
2009), that we briefly describe. 

The OpenCAPWAP implementation consists 
of two Linux applications, one running on the 
Access Controller and one running on the WTPs. 
Each WTP acts as a client of an Access Controller. 
Each Access Controller manages both the com¬ 
munication with WTP s already registered and new 
requests sent by WTPs not-yet registered. The 
life-cycle of a WTP-Access Controller session is 
implemented with a Finite State Machine (FSM), 
as defined in the protocol specification (Calhoun, 
2008, section2.3). Use ofDTLS by the CAPWAP 
protocol results in the juxtaposition of two nomi¬ 
nally separate yet tightly bound state mach in es. 
The DTLS and CAPWAP state machines are 
coupled through an API consisting of commands 
and notifications. Certain transitions in the DTLS 
state machine are triggered by commands from the 
CAPWAP state machine, while certain transitions 
in the CAPWAP state machine are triggered by 
notifications from the DTLS state machine. The 
same Finite State Machine is defined for both the 
WTP and the Access Controller, although some 
states and transitions are implemented only on 
either the WTP or the Access Controller. 

The applications that implement the WTP 
and the Access Controller use a multi-threaded 
programming model (See Figure 1) to achieve a 
reasonable trade-off between modularity and ef¬ 
ficiency. The Access Controller application uses 
a receiver thread that is in charge of receiving 
any packet arriving from the WTPs, and one ses¬ 
sion manager thread for each of the WTPs with 
an ongoing session. Upon receiving a message, 
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the receiver thread passes it to the corresponding 
session manager, or, if it is the first message sent 
by a WTP when it want to establish a CAPWAP 
session with the Access Controller, a new session 
manager thread is created. The number of threads 
used by the WTP application is always limited 
to three. The principal thread is in charge of es¬ 
tablishing a CAPWAP session with an available 
Access Controller. After the start of the session, a 
receiver thread is created, whose taskis to manage 
the requests sent by the Access Controller. The 
principal thread, to the contrary, is in charge to 
send to the Access Controller the requests of the 
WTP and to receive the corresponding answers. 
A third thread, the receiver-from-STA thread is 
required to intercept IEEE 802.11 management 
frames sent by the wireless stations to the WTP, 
that need to be forwarded to the Access Control¬ 
ler, like, for example, the Associations Requests 
frames. 

The CAPWAPprotocol, like other existing con¬ 
trol and management protocols (e.g., the SNMP), 
relies on UDP as transport protocol. Since UDP 
does not guarantee reliable communications, the 
implementation described in (Bemaschi et al., 
2009) uses, as required by the CAPWAP protocol, 
a retransmission mechanism for requests whose 
response does not arrive within a specified tim¬ 
eout. As to the security requirements imposed 
by the CAPWAP protocol, in case of timeouts 


and consequent re-transmission of packets it is 
necessary to cipher them again to avoid that the 
receiver could assume that a replay attack is in 
progress. 

Two components of the WTP application are, 
to some extent, platform dependent. The first is the 
module in charge of “capturing” the IEEE 802.11 
management frames. The second is the module in 
charge ofmodifying one or more parameters of the 
WTP when the Access Controller sends a Configu¬ 
ration Update Request. Both theaccess to received 
management frames and the enforcing of the con¬ 
figuration update require low level operations that 
depend on the specific driver used. In absence of 
standard interfaces to perform these operations, 
it can be expected that some specific modules of 
the CAPWAP implementation must be rewritten 
for use on new wireless platforms. The C APWAP 
implementation has been reported to work with 
both wireless cards with well documented open 
source drivers like the MAD WiFi diver as well 
as with cards with small proprietary drivers, and 
this supports the claim that the operations needed 
by the CAPWAP implementation are available on 
any wireless platform used as WTP. 

A fin al remark is deserved by the problem of the 
question of Split MAC vs Local MAC. Presently, 
the implementation of (Bemaschi et al., 2006) is 
Local MAC, and it is reasonable to forecast that 
open source implementations of Split MAC will 


Figure 1. Software architecture of AC (left) and WTP (right) applications 
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not exist in the short term. As detailed previously, 
in Local MAC mode the whole 802.11 MAC 
resides on the WTPs, including all the 802.11 
management and control frame processing for the 
stations whereas in Split MAC mode only real-time 
MAC functions should be managed by WTPs. 
Such distinction appears quite sharp but actually 
in the IEEE 802.11 specifications there is no a 
clear defi ni tion of which 802.11 MAC functions 
are considered real time, so that each vendor has 
decided to use his own interpretation. The major 
problem, as already mentioned above, is the lack 
of standard interfaces that makes some operations 
on a WTP platform-dependent. However the dif¬ 
ficulties in the Split MAC case are more serious 
since on many wireless devices there is no way 
at all (not even proprietary) to prevent them from 
carrying out tasks that in a Split MAC architecture 
should be in charge of the Access Controller. As 
a consequence, we expect that full support of the 
Split MAC mode for heterogeneous environments 
will be possible, probably, only when vendors 
understand the issue and address it. 

QoS Issues in WLANs and 
Multi-Cell WLANs 

Quality of Service support is increasingly impor¬ 
tant in wireless networks of any nature, due to the 
growing demand of services like VoIP, stream¬ 
ing, gaming and videoconferencing and to the 
limited capacity of wireless networks. They are 
especially challenging for WLANs of the IEEE 
802.11 family, that use distributed and contention 
based algorithms like DCF and EDCAas channel 
access mechanisms. 

Since the focus of our work is on multi-cell 
centralized networks, we review the QoS prob¬ 
lems and solutions for the basic case of single¬ 
cell WLAN, and then move to the more general 
situation of a multi-cell WLAN belonging to the 
Centralized Architecture family, with the aim 
of explaining the additional QoS issues that are 
introduced in this case. 


As it is well known, the distributed algorithm 
for the cha nn el access control of the original 
IEEE 802.11 standard, DCF, has no traffic dif¬ 
ferentiation mechanism. The answer to QoS is¬ 
sues was delegated to the polling channel access 
mechanism, named PFC (Point Coordination 
Function), that however received scarce attention 
in real implementations. The recently introduced 
EDCA provides the mechanism for traffic dif¬ 
ferentiation, while retaining the distributed and 
contention-based features of DCF. As detailed 
in the previous section, EDCA introduces the 
concept of access category, and it allows a flex¬ 
ible setting of the cha nn el access parameters that 
differentiates the behavior of access categories. 
However, the statistical mechanism for traffic 
differentiation of EDCA provides less predictable 
performance than a reservation-based mechanism 
and also suffers from network congestion. When 
the traffic load increases, EDCA ca nn ot provide 
strict QoS guarantees. In addition, it is neither 
trivial to predict the performance of the traffic 
on some access category given an assignment of 
the EDCA parameters, nor it is easy to specify the 
adjustment to these parameters needed to solve a 
given QoS problem. 

Anumber of QoS issues have been considered 
in the recent literature. They can be schematically 
outlined as follows: 

• Admission control for real-time traffic. 

Real-time traffic is inelastic and without 
admission control an excess of offered load 
would downgrade the quality of the com¬ 
munications for all the stations in a wire¬ 
less cell. 

• Protection of high priority traffic against 
low priority traffic. QoS guarantees for 
high priority traffic such as real-time flows 
should not be jeopardized by sudden surges 
of best-effort traffic. 

• Fairness between high priority and low 
priority traffic. Differentiation mecha¬ 
nisms can provide QoS guarantees to high 
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priority traffic but they should not starve 
low priority users. 

• Fairness between up-link and down-link 
traffic. Contention-based mechani s m s 
provide each station with the same chan¬ 
nel access opportunities, but the down-link 
traffic is transmitted only by the base sta¬ 
tion. Hence, fairness between up-link and 
down-link traffic is an issue. 

Specific solutions have been proposed for all 
the above issues, even though there is not at pres¬ 
ent a convincing unified framework for pursuing 
all these QoS goals, that are moreover conflicting 
with each other. The solutions proposed for QoS 
support in a single-cell WLAN resort to a variety 
of methods, that we group for convenience in 
four categories: 

• Analytical models. Analytical models 
have been proposed for EDCA (Banchs 
& Vollero, 2006; Bellalta et al, 2006; 
Engelstad & 0sterbo, 2005; Harsha, 
Kumar & Sharma, 2006; Kong et al., 2004; 
Robinson & Randhawa, 2004; Xiong & 
Mao, 2007), but the complexity of the 
protocol, the difficulty of modeling all the 
relevant issues and the often unpredictable 
behavior of a real wireless channel make 
these efforts more interesting from a theo¬ 
retical point of view rather than for practical 
usage in real scenarios. Theoretical models 
are however valuable to provide insights 
on the impact of each MAC parameter 
on the traffic differentiation. For example 
(Bellalta et al., 2006) derives from the ana¬ 
lytical model an optimization algorithm for 
the MAC parameter setting. Some of these 
analysis (Bellalta et al., 2006; Clifford et 
al., 2006; Engelstad & 0sterbo, 2005) are 
also applicable to the case of non-saturated 
sources. 

• Measurement based methods. 

Measurement-based methods were 


originally proposed in the context of wired 
IP networks to perform admission control 
of real-time flows with the goal of provid¬ 
ing bounded delay and loss rate with high 
channel utilization. More recently, several 
probing-based admission techniques for 
EDCA wireless networks have been pro¬ 
posed (Gao & Ngan, 2005; Gu & Zhang, 
2003; Pong & Moors, 2003; Xiao & Li, 
2004; Xiao, Li & Li, 2007; Zhai, Chen & 
Fang, 2006). Some of these methods do 
not use probing, but rather define indica¬ 
tors related to the cha nn el occupancy to 
perform predictions and take decisions 
about the impact of new flows. One limit 
of these approaches is that the additional 
overhead due to increased contention is 
difficult to estimate a priori : in general the 
amount of time wasted in collisions does 
not grow linearly with the load offered to 
the channel, thus it is difficult to estimate 
with precision the impact of a new flow. 
An integrated measurement-based scheme 
for admission of real-time traffic and band¬ 
width sharing control for voice/video/data 
traffic is presented in (Xiao, Li & Li, 2007). 
The approach requires that QoS-enabled 
AP and stations measure the time spent in 
transmitting and colliding. A guard period 
is introduced to prevent bandwidth alloca¬ 
tion from over-provisioning and for best- 
effort traffic protection. 

Scheduling algorithms. Scheduling algo¬ 
rithms approaches propose modifications 
to the EDCA protocol (Banchs & Perez, 
2002; Fan, Huang & Tseng, 2006) or im¬ 
plement custom service differentiators 
above the MAC layer to pursue QoS goals. 
The method to enforce fair channel sharing 
among stations presented in (Park, Kim, 
Choi & So, 2007) defines a service level 
manager (SLM) that is implemented on top 
of a scheduling based differentiation algo¬ 
rithm. SLM monitors the cha nn el access 
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time of each station and adjusts the service 
level of packets dropping those exceeding 
the assigned fair share. The approach can¬ 
not directly control up-link flows, but it is 
proposed to use packet dropping at layer 
3 as a control mechanism for TCP best ef¬ 
fort traffic. These approaches are efficient 
and flexible, but they require modifications 
to the standard protocol and must be de¬ 
ployed on both the AP and the stations, and 
this hinders their practical deployment. 

• Dynamic setting of MAC parame¬ 
ters. Dynamic tuning of EDCA param¬ 
eters (Banchs & Perez, 2002; Dangerfield, 
Malone & Leith, 2006; El Housseini & 
Alnuweiri, 2005; Freitag, da Fonseca & de 
Rezende, 2006; Malli, et al., 2004; Ramos, 
Panigrahi & Dey, 2003; Romdhani, Ni & 
Turletti, 2003; Tanigawa, Kim, Tode & 
Murakami, 2006; Zhang & Zeadally, 2004) 
is a powerful technique to achieve QoS 
guarantees, but there is no general method 
for determining the optimal configuration 
of parameters in a given scenario. All the 
cited approaches solve some QoS prob¬ 
lems but are not guaranteed to work in the 
general case. 

The QoS issues and solutions discussed above 
are relevant for the multi-cell case in a Centralized 
Architecture. As a matter of fact the algorithms 
proposed for an Autonomous WLAN can be 
inherited by Centralized architectures, with the 
important different that now part of the algorithm 
is executed by the Access Controller. Of course, 
some of the cited approaches are more suited to a 
distributed architecture with a centralized manager 
than others. Moreover, in a Centralized Architec¬ 
ture there is more flexibility in deciding where to 
allocate the tasks related to the QoS management, 
with respect to an Autonomous network. These 
issues are discussed in the next section. 


In a Centralized Architecture there are several 

additional issues related to QoS management that 

are less relevant in an Autonomous network: 

• Load balancing. Several studies showed 
that in multi-cell scenarios users are often 
unevenly distributed in space and, hence, 
the number of associated users may vary 
widely from WTP to WTP. This may trans¬ 
late in an uneven load distribution which 
can severely degrade the quality of ser¬ 
vices that users experience, especially if 
some WTPs result highly congested. Load 
Balancing aims at mitigating this prob¬ 
lem by forcing some users to roam toward 
less loaded neighbor WTPs, avoiding 
congestion. 

• Frequency planning. Since the number 
of transmission cha nn els that can be used 
simultaneously without cross-interference 
is very limited (for example in the case 
of IEEE 802.11b there are only 3 such 
channels) frequency planning is in itself a 
relevant configuration problem, with im¬ 
portant consequences on the QoS that the 
network can guarantee. When configuring 
or upgrading large deployments of WTPs, 
the attribution of frequencies to each WTP 
may be a major problem in optimizing 
overall network performance. Optimal or 
sub-optimal frequency reuse is desirable to 
reduce interference among adjacent cells, 
but it is not always possible. An additional 
difficulty in this context is due to the pos¬ 
sible presence of “external” WLANs that 
are not under the administrative control of 
the Access Control and that use some of 
the available cha nn els. 

• Mobility management. In many scenarios, 
user mobility is an important requirement: 
for example, in a corporate WLAN that 
supports VoIP on small portable devices, 
the users would expect a quality of service 
similar to the one experienced on mobile 
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phones when moving in the area covered 
by the WLAN. Due to hand-off latencies, 
both at layer 2 (a change of the WTP that 
is transparent at the network layer) and at 
layer 3 (a change of the IP address), this 
expectation would be disappointed in ab¬ 
sence of mechanisms to support cell mi¬ 
gration in presence of QoS requirements. 

STRATEGIES AND MECHANISMS 
FOR QOS SUPPORT IN MULTI¬ 
CELL CENTRALIZED WLANS 

In this section we present a framework for the QoS 
management in a Centralized WLAN architecture. 
As a first step we introduce a conceptual schema 
to identify the functionalities that are needed in 
this respect and their location in the network. 
We assume that one or more Access Controller 
and their respective WTPs are present in the 
network, and that they communicate through 
the CAP WAP protocol, as outlined above. The 
schema presented here can be broadly defined as 
measurement-based, in the sense that it assumes 
that some measurement on the performance of the 
network is available to take decisions about QoS 
issues. Even though analytical models, schedul¬ 
ing algorithms or other techniques can be used 
to implement the decisional part of the schema, 
the overall framework differs from a a purely 
analytical one because it uses a reactive approach 
similar to the feedback-driven stabilization of a 
dynamic controller. This approach has several 
attractive features. First, it can leverage results 
from previous work on analytical models, but, 
unlike approaches relying on models only, it does 
not require precise knowledge of the parameters 
characterizing the wireless link at both PHY and 
MAC layer. Second, it is robust to both unexpected 
or difficult to model workload and to variations 
of channel conditions. Third, it does not require 
modifications to the existing protocols and it is 
easy to implement using available hardware. 


We do not present any specific model for the 
QoS specifications or guarantees, rather we ge- 
nerically require that each traffic flow can specify 
some requirements in terms of network resources 
(;traffic specifications) as well as bounds on a set 
of traffic parameters (QoS requirements), like 
minimum throughput, loss ratio, average delay 
or jitter. For example, in the IEEE 802.11 stan¬ 
dard (I.S. 802.11, 2007) a station can generate a 
ADDTS Request Frame that contains a TSPEC 
information element. A TSPEC information ele¬ 
ment may contain both traffic specifications, for 
instance “peak data rate”, and QoS requirements, 
like “delay bound”. The TSPEC parameters are 
compatible with the IP RS VP protocol forresource 
reservation in IP networks (Braden, R., ed., et 
al, 1997). 

Of course, traffic flows have different nature, 
and in some case it is easy to identify their resource 
requirements, whereas in others this can be rather 
difficult. For example, real-time flows are inelas¬ 
tic, in the sense that their throughput needs are 
approximately constantthroughout flow existence, 
and their needs are therefore easy to identity. To 
the contrary, other kinds of traffic are elastic, in the 
sense that they are managed by means of adaptive 
algorithms, and this makes less meaningful the 
notion of guaranteed throughput: for example, the 
throughput of a TCP connection can be limited 
by factors that are not related to the availability 
of the wireless link, like, for instance, the rate at 
which the data are generated at the source. The 
same problem exists with best-effort traffic, that 
by definition has no QoS requirements, but for 
which it is usually necessary to reserve a certain 
amount of available resources. It is possible, 
also in this case, to extend the notion of resource 
requirements to include one or more classes of 
elastic/ best-effort traffic, and associate to each 
class a threshold of guaranteed throughput. In 
thi s way, a set of elastic flows are transformed 
into a unique inelastic class with a default QoS 
requirement of the kind “ best-effort traffic should 
be granted at least 800 kbps of traffic ”. At the 
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same time, it is necessary to use some heuristic or 
statistical inference to assess when the throughput 
of an elastic class is under the threshold due to 
the scarcity of network resources rather than to 
the lack of offered load. 

In the three parts of this section, we first 
introduce the general schema and then present 
the issues, methods and references related to, 
respectively, the monitoring and the control 
functionalities. 

A Framework for Multi-Cell QoS 
Monitoring and Management 

In this section we describe an architecture to 
integrate QoS support, in the meaning outlined 
above, in a multi-cell WLAN belonging to the 
Centralized Architecture family. A conceptual 
overview of the reference schema is illustrated 
in Figure 2. Basically, the schema includes the 
following entities: 

• a Monitoring Module, on the Access 
Controller, in charge of receiving informa¬ 
tion about relevant QoS parameters from 
the controlled WTPs. The information may 
be related to many parameters measured at 
the WTP, such as the transmitted and re¬ 
ceived throughput, average queue lengths 


at the WTP, number of packets dropped due 
to queue overflow or collisions, frequency 
of collisions, physical errors, interference 
on the cha nn el used by the WTP, etc. The 
information provided by the WTP may be 
related to distinct entities (access catego¬ 
ries, stations, wireless channels). The pe¬ 
riodicity of the statistics can be set by the 
Monitoring Module, according to the en¬ 
tity to which they refer and to the situation 
on the channel state. 

A Controller Module, is the active entity 
that provides QoS support to the central¬ 
ized WLAN. Conceptually it may be split 
in two kinds of controllers, one in charge 
of providing intra-cell QoS support, by 
means of admission control and MAC pa¬ 
rameters setting, and the other in charge 
of inter-cell QoS support, which is con¬ 
cerned with problems related to frequency 
planning, load balancing and mobility. 
The Controller Module operates by issu¬ 
ing configuration commands to the WTP. 
These may refer to the MAC parameters to 
use for the Access Categories of the WTP 
or of the stations, to admission decisions 
concerning new flows, to the cha nn el to be 
used in the cell, etc., and they are commu¬ 
nicated through CAPWAP messages. 


Figure 2. QoS monitoring and management in the centralized architecture 
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• A Session Manager, that interacts with 
the Controller Module and it is in charge 
of implementing the QoS policies of the 
WLAN. The Session Manager may re¬ 
quire, for example, that all flows needing 
QoS support must previously declare their 
needs in terms of QoS requirements, and/or 
specify the features of the traffic flows they 
will generate (for example in terms of av¬ 
erage of maximum throughput, packets per 
second, etc.). The Session Manager might 
also enforce the Service Level Agreements 
(SLAs) of a given category of users, by al¬ 
lowing or not them to send traffic on a high- 
priority Access Category, etc. The Session 
Manager does not interact with the WTPs, 
but only with the Controller Module. In 
essence, the Session Manager is in charge 
of fixing the goals and constraints of the 
WLAN management, whereas the task of 
the Controller Module is to choose the op¬ 
timal configuration in the context fixed by 
the Session Manager. 

This schema reflects a classical feedback ap¬ 
proach, with the WTPs in the dual role of sensors- 
actuators and the Access Controller acting as the 
controller. Itshouldberemarkedthattheadvantage 
of the Centralized Architecture with respect to 
an Autonomous architecture is not only the pos¬ 
sibility to perform intra-cell QoS optimization, 
but also that the control algorithms may be more 
complex without requiring expensive WTPs with 
large computational capacity. 

Obviously, the conceptual schema outlined 
has many variants. In the first place, since the 
monitoring function is conceptually distributed 
between the Access Controller and the WTPs, the 
choice between Local MAC and Split MAC solu¬ 
tion influences how monitoring is performed. In 
a Split MAC WLAN, many monitoring functions 
are performed directly at the Access Controller (for 
example, traffic monitoring), whereas the WTP 
collects only real-time information, for example 


about the length of the sending queues, or about 
the state of the wireless cha nn el. Moreover, it is 
more coherent in this setting to let the WTP send 
only raw information, performing all the necessary 
elaboration at the Access Controller. Conversely, 
in a Local MAC WLAN, it is possible to decide 
to locate more advanced monitoring functions 
on the WTP. This means that WTPs execute a 
local monitoring application, with the aim of 
aggregating or filtering the raw data, and send to 
the Access Controller a more high-level descrip¬ 
tion of the status of the wireless cell. At one end 
of the solution spectrum, the Control Module of 
the cell could even be co-located with the WTP, 
with the Access Controller in charge of executing 
modules for inter-cell QoS support only. 

In the second place, the functionalities of the 
Control Module and its interactions with the Ses¬ 
sion Manager may rely on different solutions. As 
already remarked, a Control Module must exist 
in the Access Controller for each WTP, in order 
to perform local optimization tasks. Further Con¬ 
trol Modules can be in charge of specific tasks 
related to the whole WLAN. For example it may 
be convenient to deploy, as separate modules, a 
Mobility Manager, to manage mobility among 
adjacent cells, a Frequency Planning module and 
a Load Balancing Module. The actions undertaken 
by these modules to perform inter-cell modifica¬ 
tions could interfere with the activity of the local 
Control Module of the WTPs. For example, a 
station migration decided by the Load Balancing 
Module can make useless a MAC parameter setting 
decided by the Control Module of the overloaded 
cell to cope with channel saturation. This interfer¬ 
ence may cause the instability of the QoS control 
or lead to frequent and unnecessary changes of 
configuration. In order to solve this problem, it 
is necessary to design some form of coordination 
and hierarchy among the modules, or to resort to 
a central decision function, that has the ultimate 
responsibility of deciding which module will cope 
with each specific problem. To the best of our 
knowledge, there are no general solutions to this 
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problem in the literature, andmoreresearchinthis 
area is still needed. Whereas much work has been 
devoted to the solution of QoS issues in specific 
situations or with a given technique, the decision 
problem of which tool is the most effective in a 
given scenario has not been fully solved, with the 
result that commercial products usually recur to 
heuristic rules that in practice lead to dubious and 
often counterproductive effects. 

Issues and Experiences in 
Multi-Cell QoS Monitoring 

In this section we review approaches that allow 
to monitor at real-time the quality of service that 
the traffic in a wireless cell is experiencing. It 
should be remarked that the QoS monitoring that 
we consider is limited to the wireless portion of 
the WLAN. It is usually a reasonable assumption 
to suppose that the wireless link is the bottleneck 
and that the wired portion of the WLAN does not 
contribute to the QoS issues. 

A first set of parameters that are useful to es¬ 
timate is related to individual traffic flows 1 . 

Throughput. The amount of successfully 
data sent is in principle an easy to measure yet 
obviously fundamental parameter to monitor 
the QoS in a WLAN. Up-link throughput can be 
measured either at the Access Controller or at 
the WTPs, whereas down-link throughput is only 
available at the WTPs, since losses due to queue 
overflow or retrans mi ssions must be considered. 
The information about aggregate data transmit¬ 
ted and received per Access Category is readily 
available by means of driver functions, but this 
is only sufficient for best-effort traffic monitor¬ 
ing, where the parameter of interest is usually the 
aggregate throughput. Throughput of individual 
flows to the contrary, it is necessary for flows 
with QoS requirements on throughput, and this 
requires more processing and memory and it is 
usually performed at the Access Controller. For 
elastic flows the instantaneous throughput is not 
necessarily meaningful, thus some form of filter¬ 


ing should be performed, for example by means 
of autoregressive filters. 

Down-link delay. The down-link delay in¬ 
cludes queuing delay and service delay. It may be 
accurately measured at the WTP for each Access 
Category, and two approaches are possible. The 
first one (Dangerfield, Malone & Leith, 2006) is 
to associate a time-stamp to individual packets that 
arrive at the queue, and use this value to measure 
the delay of each individual packet. The second 
one (Cacace, Iannello, Vellucci & Vollero, 2008) 
monitors the queue length at fixed intervals and 
it approximates the average delay in the interval 
with the expression 

d=(l + q AC ) n AC / At, 

where q AC is the queue length of the Access 
Category, n AC is the number of packets sent by 
the access category in the interval, and At is the 
interval duration. The approximation consists in 
using a constant service time of the queue during 
the interval. This approach is less accurate, and it 
does not provide useful results when the queue is 
empty and the delay is low, but it is more simple 
and adequate for all practical purposes. 

An important property of the down-link delay 
is that in principle it does not depend on the mobile 
station to which the packet is addressed, but only 
on the Access Category, since the predominant 
component of the delay is the queuing delay, which 
does not depend on the specific flow or packet 
size. This simplifies the monitoring of this delay, 
since the estimate is the same for all the flows. 

The down-link delay is a crucial parameter 
for monitoring the QoS for at least three reasons. 
The first one is that, in most traffic scenarios, the 
WTP is the first to become saturated. The reason 
lies in the fact that down-link traffic is usually 
predominant over up-link one, and even when the 
two are comparable it is sent by one node only, 
namely the WTP. Conversely, up-link traffic is 
divided more or less equally among all the mobile 
stations. In real scenarios it is thus reasonable 
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to assume that, using the same channel access 
parameters, the WTP is the first to experiment 
congestion. Consequently, down-link delay is a 
reliable indicator of the congestion of the wire¬ 
less cell. The second motivation for measuring 
down-link delay is that other QoS parameters 
are related to it: for example, packet loss due to 
queue overflow is can only happen in situations 
with very large delays. A final motivation is that 
delay is the most common QoS requirement for 
real-time traffic. 

Up-link delay. F or the reasons outlined above, 
up-link delay is less crucial to assess the QoS 
experienced by traffic in a wireless cell. Nonethe¬ 
less, strict QoS guarantees require up-link delay 
to be monitored. Since up-link traffic is sent by 
the mobile stations, there is no direct and general 
way to estimate its value without modifying the 
MAC protocol or performing active probes in the 
wireless cells. Since in practice both options are 
not feasible, indirect approaches can be used. In 
(Cacace & Vollero, 2009) the number of packets 
sent in each transmission opportunity is used to 
estimate the queue length and thus the average 
delay for each Access Category of the mobile sta¬ 
tion. The method is not computationally complex, 
but it requires to keep trace of flows for every 
station, thus it is better suited for execution on 
the Access Controller. 

Loss rate. Losses on the wireless links have 
two causes: queue overflow and collisions. The 
first situation is more common for low-priority 
Access Categories that cannot have access to the 
channel, whereas the second situation happens 
when there are many stations competing for the 
channel access and the contention windows are set 
to a small value, causing many repeated collisions. 
For down-link traffic, both rates are easy to obtain 
from the driver of the wireless device. Conversely, 
it is very hard to have reliable estimates of loss 
rates on the mobile stations, for the same reasons 
for which it is difficult to estimate up-link delay. 
The only available method for estimating the loss 
rate due to queue overflow resorts to the estimate 


of the queue length on the stations following the 
approach of (Cacace & Vollero, 2009) and derive 
the probability that the queue is completely full. 
For losses due to collisions, it is possible to rely 
on the retransmission bit contained in the MAC 
header of IEEE 802.11 to estimate of the colli¬ 
sion probability (see below), which can be easily 
related to the loss rate. 

Jitter. Jitter is defined as the difference of the 
one-way trip time between a pair of consecutive 
packets of the same flow. The average jitter is the 
average of the jitter of all the pairs of consecutive 
packet across the measurement window. For traf¬ 
fic flows at constant packet rate, the jitter may be 
evaluated from the arrival time only. Obviously, 
here we are mainly concerned to the contribution 
to the jitter of the wireless portion of the access 
network. Thus, whereas for down-link traffic the 
delay estimation methods presented above maybe 
sufficient to estimate the jitter, for up-link traffic 
the average of the variations of the arrival times 
can provide a reliable estimate of the jitter on a 
per-flow basis in the case of constant packet rate. 
For up-link flows at variable packet rates a direct 
estimate is not possible, and it may be necessary 
to resort to indirect approaches, for example using 
the time-stamp contained in higher layer headers 
(such as the RTP header). 

Besides the parameters that are directly re¬ 
lated to traffic flows, it is possible to monitor 
the parameters that are related to the state of the 
wireless cha nn el. 

Collision rate and physical errors. The rate 
of packets incorrectly received or sent it is again 
easy to monitor for down-link traffic, even though 
it is not possible to distinguish between colli¬ 
sions and physical errors (due to interference or 
other causes). Usually, the wireless card provide 
statistics about the number of sent packets and 
the number of retransmission, from which an 
estimate of the combined collision-physical error 
rate can be derived. The collision rate is a useful 
parameter to monitor because it can be related to 
the rate of packets discarded due to retransmis- 
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sions. It must be noticed that the WTP can mea¬ 
sure its own collision rate per Access Category, 
but this variable depends on its traffic load. In 
general, given a certain cha nn el occupancy and 
in absence of physical errors, a station will see 
a larger collision rate when it access the channel 
with less frequency, and vice-versa. Since the WTP 
usually has a larger traffic load than the mobile 
stations, the collision rate measured at the WTP 
underestimates the collision rates at the stations. 
An indirect way of estimating the collision rate 
at the specific station is that of relying on the 
retransmission bit contained in the MAC header 
of the packets received from it. A global cha nn el 
parameter that can be efficiently measured by the 
WTP, or, in fact, by any station on the channel, is 
the conditional collision probability, defined as 
the probability of experiencing a collision when 
transmitting on any available time slot. The avail¬ 
able time slots are those following a transmission 
after an AIFS waiting time that depends on the 
Access Category, thus the conditional collision 
probability depends on the Access Category. This 
probability p can be estimated as proposed in (Bi- 
anchi, & Tinnirello, 2003) through the number of 
experienced collisions, C, and the number ofbusy 
slots C b , in which an eventual packet transmission 
would have failed, divided by the number N of 
observed slots,/? = (C + C b ) / N. 

A practical issue to be consider in practice is 
that when the TXOPlimit of an Access Category 
allows to send more than one packet per chan¬ 
nel access, it becomes important to distinguish 
between packets and cha nn el access, because the 
collision rate must be referred to channel accesses, 
but the statistics provided by the wireless card 
driver usually are on a per packet basis. 

Wireless interference. Information related 
to the physical state of the wireless cha nn els can 
be measured by means of periodic scanning and 
reported to the Access Controller for frequency 
planning purposes. Relevant information include 
the signal level fromnearby WTPs (either belong¬ 


ing to th same WLAN or not), and the noise level 
on the cha nn el. 

Signal-to-Noise ratio. Information about the 
quality level of frames received by the mobile 
stations can be collected at the WTP. This infor¬ 
mation is related to the PHY layer, and therefore 
it is in principle independent from the cha nn el 
occupancy. The analysis of this information on a 
per station basis can be useful in two regards. The 
first one is related to mobility: when the Access 
Controller detects that signal level of a station 
becomes weaker, this information can be used by 
the Mobility Manager to raise a hand-off warn¬ 
ing. In the second place, if the Access Controller 
has some knowledge about the topology of the 
network, in the sense of the physical position of 
the WTPs, it can use this information to decide 
which stations to migrate to a nearby WTP for 
load balancing purposes. 

An important design parameter for the QoS 
monitoring is a set of values for the measure¬ 
ment windows. Since the measurement procedure 
implies some overhead it is important to choose 
measurement intervals that do not impair the ef¬ 
ficiency of the WTP and that, at the same time, 
allow for a timely intervention of the Access 
Controller. The rate of variation in time of the 
parameters described so far is different, thus it is 
important to choose the appropriate value for each 
one. Moreover, as already remarked, the instan¬ 
taneous values of many parameters may display 
wide variations, thus also some form of filtering 
is often needed. In general, run-time estimation 
is provided by simple mechanisms, such as AR 
(Auto Regressive) or ARMA (Auto Regressive 
Moving Average) filters. In practice, it is often 
used the estimator 

p(t +1) = a pii) + (1 - a) mit +1), 

where pit) is the smoothed estimate at the discrete 
time t, m(t) is the measured value, and a is a mem- 
oryparameter. More sophisticated approaches can 
be used to achieve a better accuracy/tracking abil- 


213 



Management, Monitoring and QoS in Multi-Cell Centralized WLANs 


ity trade-off. For example, (Bianchi, & Tinnirello, 
2003) use an Extended Kalman Filter to estimate 
the number of competing stations in a wireless cell 
using a measurement of the conditional collision 
probability. This method estimates the number of 
stations that are actually competing for channel 
access, a figure that is in general less or equal to 
the number of associated stations. 

The estimate of a suitable set of parameters 
related to the traffic and the state of the wireless 
channel can be used by the Control Module to 
deduce a global higher-level picture of the state 
and evolution of the quality of service in the 
wireless cell that it controls. This global picture 
must be expressed as a state of some formal QoS 
model, and the task of the Control Module is that 
of react to state changes in the appropriate way. 
This QoS state can in general be expressed with 
several service goals: 

• Fair allocation of network resources. 

This goal is related to the fairness in allo¬ 
cating network resources expressed with 
respect to traffic categories (up-link vs 
down-link, high priority vs low-priority, 
etc.) and a given set of criteria on network 
parameters (for example, throughput). 

• Network utilization. This goal concerns 
the network utilization, that should obvi¬ 
ously tend towards the maximum possible 
fraction of the offered load. In particular, 
when admission control is active, a low 
value for the blocking probability, that is, 
the probability of rejecting a flow with 
QoS requirements, is an important goal for 
QoS management. In a multi-cell WLAN 
it is relevant not only the network utiliza¬ 
tion of the individual cells, but also the 
variance of this parameter across the cells, 
since load balancing should tend to reduce 
the differences across the network. 

• QoS guarantees for high-priority traffic. 
This goal is related to satisfying the QoS 


guarantees of all the traffic flows with QoS 
requirements. 

Issues and Experiences in 
Multi-Cell QoS Management 

In this section, we consider the problem of imple¬ 
menting typical techniques for QoS management 
using the monitoring framework described so 
far. It is quite obvious that a QoS monitoring 
approach is useful to control the performance 
of a QoS management system of any nature. We 
now consider more specifically a QoS manage¬ 
ment system that is based on a monitoring part, 
in the sense that takes as input to pursue its goals 
the estimation of the QoS state provided by the 
monitoring system. In the remaining part of the 
section we therefore present measurement-based 
approaches to specific QoS management tasks, in 
the context of multi-cell WLANs. 

Admission Control 

Admission control is an important feature in a 
WLAN with QoS support, since the number of 
traffic flows with QoS guarantees that can admit¬ 
ted is limited either by network resources, or by 
constraints on the resource allocation, or by access 
policies. For instance, a flow of a given category 
may be rej ected in order to maintain a fair propor¬ 
tion of traffic with other categories. Conversely, 
rejection due to access policies happens when a 
station starts an exceeding number ofhigh-priority 
flows, or when the traffic specifications ofthenew 
flow do not match those agreed for the service 
level of the station. 

The set-up of a new flow with QoS guarantees 
can follow different patterns. The station may be 
required or not to notify to some authorization 
entity its will to start the flow. In the first case, 
the station may be required or not to provide the 
traffic specifications for the new flow. It also pos¬ 
sible that the flow is initiated from a correspondent 
node outside the WLAN. For this reason it is 
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desirable for a mechanism of admission control 
to be sufficiently flexible to handle the different 
cases, even if the efficiency of the mechanism 
may vary in the different cases. 

In a Centralized WLAN it is reasonable to 
assume that the Access Controller, and specifi¬ 
cally the Session Manager module, takes care of 
performing admission control on the basis of the 
access policies, that consist of static information 
about the rights of the individual stations. Con¬ 
versely, the Controller Module will be in charge 
of deciding if the new flow can be admitted for a 
given state of the wireless channel. Consequently, 
the decision taken by the Controller Module is 
more dynamic in nature since it reflects the cur¬ 
rent situation in the wireless cell. 

In the context of the QoS monitoring and 
management architecture described previously, the 
admission control functionalities in the Controller 
Module take advantage of the information about 
the occupancy of the wireless cell reported by the 
Monitoring Module. The admission functionalities 
can be designed according to several approaches, 
that we briefly outline. It is worth remarking that 
the following methods are not mutually exclusive, 
and may be combined in a mixed approach. 

• The information about the state of the 
wireless channel, possibly integrated with 
the traffic specifications of the new flow, 
can be used as the input of an analytical 
model to decide whether the new flow can 
be admitted. This approach has the draw¬ 
back that in realistic scenarios the number 
of parameters that should be included into 
the model is very large and some approxi¬ 
mations are needed. Moreover, it is likely 
that a precise analytical model will require 
information that ca nn ot be provided by the 
Monitoring Module. For these reasons, an 
approach based only on analytical models 
is complex and, in some situations, prob¬ 
ably also not sufficiently accurate. 


• The information provided by the 
Monitoring Module can be used to derive 
one or more indicators of the occupancy of 
the channel that is used to perform the ad¬ 
mission decision using some heuristic. The 
latter can be based on analytical models, 
table-based algorithms, or other categories 
of decision algorithms. The effectiveness 
of the approach may be jeopardized by the 
nonlinear behavior of the wireless channel 
in proximity of the saturation zone. 

• The Control Module may rely on a probe 
phase, and use the Monitoring Module to 
detect the impact of the new flow on the 
state of the wireless channel. To this aim 
is possible to inject in the channel a probe 
flow with the same features contained in 
the flow specification. Another approach 
is to start the real flow and to monitor the 
cha nn el behavior for a short period. The 
advantage of this method is to measure the 
actual impact of the new flow, at the ex¬ 
penses of an additional overhead (the net¬ 
work resources wasted in the probe phase) 
and of the delay due to the probe phase. 

In all cases, the Control Module must notify its 
decision. When the station has issued an explicit 
request, the Control Module can send its answer 
using the same signaling protocol. Conversely, 
when the station just starts transmitting (or re¬ 
ceiving) a high-priority flow, the Control Module 
must enforce its decision in some way. In the case 
of a negative decision, down-link traffic may be 
discarded at the WTP or at the Access Controller, 
whereas the case of up-link traffic this is not pos¬ 
sible. If no other means are available, the Control 
Module can instruct the WTP to disassociate the 
station. 

In order to provide a quantitative evaluation 
of the QoS monitoring approach to admission 
control, we present performance figures about the 
admission of VoIP flows in a IEEE 802.11 EDCA 
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WLAN. These results extend those presented in 
(Cacace, Iannello, Vellucci & Vollero, 2008), 
where more details about the experimental set-up 
can be found. 

The experiments focus on admission of VoIP 
flows with or without interfering best-effort traf¬ 
fic. The Control Module executes the following 
admission algorithm, which is based on a probe 
phase: 

1. Each new VoIP session undergoes a probe 
phase whose maximum duration is 2 
seconds. 

2. A Monitoring Module measures the QoS 
parameters, and specifically bidirectional 
throughput and down-link loss and delay, 
every 0.1 s. 

3. The probe phase fails if either the down¬ 
link delay exceeds the threshold of 50 ms 
in a single measurement, or the aggregate 
best-effort throughput falls under a fixed 
threshold (in the experiments this threshold 
was 4 Mbps and the throughput was averaged 
over 5 measurement samples). 

This algorithm uses the actual traffic flow to 
perform the probe phase, thus no traffic specifica¬ 
tion is required. This approach has the advantage 
of a faster setup for a new VoIP session which is 
eventually admitted, since the probe phase and 
the session setup are concurrent. When the flow 
is rejected, the VoIP session will be dropped after 
2 seconds or less of conversation. 

EDCA is used in the test-bed as cha nn el ac¬ 
cess mechanism, and IEEE 802.11b at the PHY 
layer. The VoIP and best-effort traffic are mapped, 
respectively, onto the VO and BE Access Category 
with standard values for the MAC parameters. 
Elastic best-effort traffic is generated by TCP 
connections, either up-link or down-link. 

The performance figures that have been in¬ 
vestigated in the experiments are related to (i) the 
number of admitted VoIP flows; (ii) the duration 
of the probe phase in case of rejection; (iii) the 


impact of the probe phase on the ongoing traffic. 
To test the precision of the algorithm we compare 
the admission figures with the li mi t obtained in 
simulations performed by the ns-2 network simu¬ 
lator. The results of the experiments are reported 
in Table 2. The VoIP flows were bi-directional at 
constant packet rate in the range 40-100 pack¬ 
ets per second (pps) and were generated using 
G.729 codec (8 kbps), G.711 codec (64 kbps) 
and a videoconferencing codec at 200 kbps. In 
Table 2, the ns-2 admission limit is computed 
in the conditions and a flow is considered not 
admissible when the resulting packet loss rate in 
either direction exceeded 1 %, or down-link delay 
exceeded 50 ms. As it can be seen, the admission 
limit reached by the Control Module matches 
very well the capacity estimated by the network 
simulator. The probe duration (averaged across 5 
attempts to add an extra station) is reported with 
its 90% confidence interval. It turns out that the 
flow rejection can be decided in approximately 1 
second. This delay corresponds to the time needed 
to detect that the sending queue at the WTP is 
building up in a congested situation. The impact 
of the probe phase on the ongoing traffic, reported 
in the Loss rate column of Table 2, refers to the 
probe phases. It can be appreciated that the probe 
phase has no perceivable effect on the ongoing 
VoIP conversations, since the worst case cor¬ 
responds to a loss rate of less than 0.4% for less 
than a second. Finally, when there is best-effort 
traffic the Control Module correctly protects its 
guaranteed throughput limit of 4 Mbps. 

Dynamic MAC Parameter Setting 

The dynamic setting of MAC parameters is a 
powerful tool that can be used by the Control 
Module to protect QoS guarantees. The intro¬ 
duction of EDCA a cha nn el access mechanism 
has triggered many research efforts aimed at the 
defining algorithms for the dynamic setting of 
the parameters, see for instance the proposals of 
(Banchs & Perez, 2002; Banchs, Iannello, Serrano 
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Table 2. Admission control limits of VoIP flows with best-effort traffic through QoS monitoring 


VoIP flows 

Best-effort 

traffic 

Admission 

ns-2 

admission 

Probe duration 

(s) 

Loss rate 

(%) 

Best-effort 

throughput 

(Mbps) 

G.729 @ 60 pps 


16 

16 

1.11±0.02 

0.01±0.01 


G.729 @ 80 pps 


14 

14 

1.31±0.07 

0.02±0.02 


G.729 @100 pps 


12 

12 

1.41±0.01 

0.07±0.03 


G.711 @ 60 pps 


15 

15 

0.73±0.01 

0.02±0.02 


G.711 @ 80 pps 


12 

12 

0.86±0.31 

0.03±0.02 


G.711 @100 pps 


10 

10 

1.43±0.50 

0.05±0.04 


200 kbps @ 40 pps 


12 

12 

0.98±0.07 

0.11±0.05 


200 kbps @ 60 pps 


10 

10 

1.30±0.18 

0.10±0.04 


200 kbps @ 80 pps 


9 

9 

0.61±0.04 

0.22±0.06 


200 kbps @100 pps 


8 

8 

0.58±0.02 

0.38±0.18 


G.711 @50 pps 

3 TCP up 

4 

4 

1.65±0.12 

0.01±0.01 

4.71 

G.711 @50 pps 

3 TCP down 

4 

4 

1.14±0.03 

0.01±0.01 

4.30 

G.711 @ 100 pps 

1 TCP up 

2 

2 

1.66±0.07 

0.02±0.00 

4.39 

G.711 @100 pps 

5 TCP up 

2 

2 

0.13±0.01 

0.00±0.00 

4.83 

G.711 @100 pps 

1 TCP down 

2 

2 

0.73±0.04 

0.03±0.03 

4.30 

G.711 @ 100 pps 

5 TCP down 

2 

2 

1.28±0.09 

0.00±0.00 

4.37 

G.729 @ 100 pps 

1 TCP up 

4 

4 

1.49±0.12 

0.03±0.04 

4.05 

G.729 @ 100 pps 

5 TCP up 

4 

4 

0.58±0.03 

0.01±0.02 

4.37 

G.729 @ 100 pps 

1 TCP down 

4 

4 

0.90±0.03 

0.04±0.06 

4.07 

G.729 @ 100 pps 

5 TCP down 

4 

4 

0.59±0.04 

0.00±0.01 

4.01 


& Vollero, 2006; Dangerfleld, Malone & Leith, 
2006; El Housseini & Alnuweiri, 2005; Freitag, 
da Fonseca & de Rezende, 2006; Tanigawa, Kim, 
Tode & Murakami, 2006). Specifically, the ap¬ 
proach proposed in (Banchs, Iannello, Serrano & 
Vollero,2006) concerns explicitly the situation of 
Centralized WLANs managed through the CAP- 
WAP protocol. A discussion about the respective 
merits of these algorithms and the best techniques 
to use to pursue specific QoS goals is outside the 
scope of this chapter. In our context, based on QoS 
monitoring, it is sufficient to assume that the Con¬ 
trol Module will rely on some information about 
the wireless state to take decisions about the best 
MAC parameters setting. This information can 
be provided by static traffic specifications only, 
or it may also include the state of the wireless 


cha nn el measured by the Monitoring Module. In 
the latter case, the design of an algorithm for the 
dynamic setting of MAC parameters includes the 
following steps. 

1. Definition of the information reported by the 
Monitoring Module and of its frequency. 

2. Classification of the state of the wireless 
channel in a limited number of categories, 
according to the QoS goals and to the values 
of the cha nn el parameters reported by the 
Monitoring Module. These states correspond 
to categories of broad macro-situations such 
as “QoS ok”, or “up-link/down-link unfair¬ 
ness in best-effort traffic”, etc. 

3. Definition ofthe algorithm for the parameters 
setting as a set of Event-Condition-Action 
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rules, that can be specified as follows: 

3.1. Event: the transitions between pair of 
QoS states; 

3.2. Condition: the parameter whose varia¬ 
tion caused the transition; 

3.3. Action: a change of the value of some 
EDCA parameters. 

The Condition part is important to specify the 
rules: for instance, a sudden unbalance between 
up-link and down-link best-effort traffic canbe de¬ 
tected either when there is a surge in up-link traffic 
or when there is a decreas e in down-link traffic, and 
the reaction to these two situations will in general 
be different. Even though the actual algorithm for 
the dynamic setting of MAC parameters can be 
specified with formalisms that are not rule-based, 
for example by means of analytical functions of 
the measured traffic and channel parameters, the 
above schema is sufficiently general to compare 
distinct algorithms. 

The action part specifies a new set of MAC 
parameters for the Access Categories of either 
the WTP or the stations or both. The differentia¬ 
tion of the MAC parameters of the WTP and the 
stations is used to cope with issues related to the 
amount of up-link and down-link traffic. The AIFS 
and CWmin/CWmax pair of parameters allow the 
prioritization of the Access Categories, whereas 
a larger value of the TXOPlimit parameter can be 
used to reduce the collision rate or to decrease the 
delay. Three desirable properties for a dynamic 
adaptation strategy are: 

• Stability. The MAC parameter setting al¬ 
gorithm is not influenced by transient fluc¬ 
tuations but only by permanent variations 
of the traffic and of the physical state of 
the cha nn el. An unstable algorithm may 
cause a periodic and unnecessary change 
of MAC settings. 

• Optimality. The MAC setting chosen by 
the algorithm is the best for the present 


traffic situation and wireless state. Thus an 
optimal algorithm is also invariant with re¬ 
spect to the past history. 

• Fast convergence. Ideally, the Control 
Module should be able to immediately de¬ 
termine the new set of MAC parameters. 
However, some approaches include a tun¬ 
ing phase, to determine the best configura¬ 
tion. Since this requires a sequence of pa¬ 
rameter changes and the evaluation of their 
impact on the channel state, this approach 
can have cause serious delays in reaching 
the optimal configuration. 

These properties are not verified trivially. The 
reason is that, on the one side, a wireless channel 
exhibits the typical unpredictable fluctuations in 
presence of high traffic load, and on the other, the 
range of the MAC parameters is reduced and their 
discretization is coarse. Consequently, there is a 
trade-off between stability and optimality, due to 
the need of introducing some hysteresis threshold 
to prevent frequent parameter changes. An algo¬ 
rithm that is stable but not invariant will find a 
sub-optimal set of MAC parameters: optimality 
is traded for stability. 

In (Cacace, Iannello, Vellucci & Vollero, 2008) 
an approach for the dynamic setting of MAC pa¬ 
rameters is presented. The method is based on QoS 
monitoring and aims at the fair allocation of net¬ 
work resources between real-time and best-effort 
traffic, as well as between up-link and down-li nk 
traffic. This reference also provides performance 
figures obtained in a test-bed and details about 
the synchronization between admission control 
and dynamic setting within the Control Module. 
The proposed algorithm is stable but not invariant 
(and thus, not optimal). The sub-optimal solution 
is reached with an iterative procedure, that how¬ 
ever aims at restoring in the first place the QoS 
guarantees for high priority traffic. 
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The Control Module can implement the pa¬ 
rameter adaptation strategy by issuing CAPWAP 
control messages: 

• the Control Module can change the EDCA 
parameters on the WTP by sending a 
Configuration Update Request message. 
This command contain s a WTP Quality of 
Service message element with a new set of 
EDCA parameters for the WTP. 

• The Control Module can change the EDCA 
parameters on the stations by sending a 
WLAN Configuration Request message 
which contains an Update WLAN message 
element with the new set of EDCA param¬ 
eters. These parameters will be communi¬ 
cated to the stations with the IEEE 802.11 
beacon. 

Frequency Planning 

When managing large Centralized WLANs, the 
configuration of frequencies used by the WTPs 
may be a major problem in optimizing overall 
networkperformance. For example, IEEE 802.1 lb 
define eleven (or thirteen, depending on the geo¬ 
graphic area) transmission channels, but at most 
three of them can be used simultaneously without 
cross interference. Optimal or suboptimal fre¬ 
quencies reuse is desirable to reduce interference 
among adjacent cells but it is not always possible. 
In this context, a Centralized approach is desir¬ 
able, since a frequency optimization algorithm 
needs a global knowledge of the cha nn el alloca¬ 
tion in the whole network that is not available at 
individual WTPs. 

Two cases are possible, requesting slightly 
different approaches: 

• the Access Controller manages all the 
WTPs that operate in the area covered by 
the WLAN; 


• other WTPs/APs not under the control of 
the Access Controller are operating in the 
area covered by the WLAN. 

The second situation adds additional con¬ 
straints and it is not uncommon due to the wide¬ 
spread diffusion of wireless home or personal 
networks. Most existing proposals, however, focus 
on the first case (Arunesh, Shrivastava, Baneijee 
& Arbaugh, 2006; Chandra, Bahl & Bahl, 2004; 
Levanti, Giordano & Tinnirello, 2007; Liu, Yu, 
Liu, Chuah & Mohapatra, 2007; Youngseok, 
Kyoungae & Choi, 2002). 

Frequency planning can be easily introduced 
in the schema of multi-cell QoS Management 
outlined above. Each WTP periodically sends 
information about the signal strength measured 
on the available channels, by means of CAPWAP 
information messages. This information is elabo¬ 
rated by the intra-cell Controller Module that can 
decide to issue requests to change the cha nn el 
in use by means of CAPWAP control messages. 
The feasibility of the approach is investigated 
in (Levanti, Giordano & Tinnirello, 2007) that 
implements a variant of the algorithm proposed 
in (Arunesh, Shrivastava, Baneijee & Arbaugh, 
2006). They conclude that the exploitation of a 
Centralized WLAN Architecture can avoid not 
only the transient channel adjustments due to 
subsequent and independent WTP decisions, but 
also the so-called blocked cell problem, thanks to 
the complete knowledge of the network topology. 
The blocked-cell phenomenon happens when a 
WTP is located in proximity of a set of other WTPs 
that use the three orthogonal channels, a situation 
not unrealistic in practice. In this conditions, if 
the adjacent WTPs do not hear each other, it is 
very likely that their transmissions are operated 
asynchronously, and in presence of saturated 
traffic, the considered WTP would sense the 
channel busy during all the time. The blocked-cell 
effect can reduce the throughput of the affected 
cell to zero, with the WTP waiting indefinitely 
for cha nn el release. In the schema proposed by 
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(Levanti, Giordano & Tinnirello, 2007), each 
WTP periodically scans the cha nn els in order 
to know all the potential interferences. Once the 
scansion is done, the WTP sends a report to the 
Access Controller indicating the interfering WTP 
identifiers and the reception power levels. Two 
different scanning report solutions are proposed. 
According to the first one, each WTP forwards 
to the Access Controller the beacon frames herd 
by overlapping WTPs. Through a specific field 
in the CAPWAP header, in the forwarding it is 
possible to include PHY layer information about 
the frame reception (Received Signal Strength 
Indicator, RSSI, and Signal to Noise Ratio, SNR, 
at the receiver), thus specifying the interfering 
power from the neighbor cells. According to 
the second solution, some message elements are 
encapsulated in a standard CAPWAP control 
frame, in order to simultaneously report all the 
interferences heard from the WTPs in range. 
Each message element indicates the cell identifier 
(SSID), the MAC address, the operating cha nn el 
and an SNR measure. Collecting the scans from 
all the WTPs, the Access Controller can be aware 
of the network configuration. On the basis of this 
information, the intra-cell Controller Module as¬ 
signs the cha nn el to the WTPs, while minimizing 
the number of total reciprocal interference in the 
network. Since the number of orthogonal channel 
may not be sufficient for covering the interfering 
cells, the planning algorithm should try to assign 
orthogonal cha nn els to the subset of interfering 
cells which result most loaded, while trying to 
avoid the blocked-cell phenomenon. 

Load Balancing 

Several studies have shown that in large WLAN 
scenarios users are often unevenly distributed in 
space and, hence, the number of associated users 
may vary widely from WTP to WTP. This may 
translate in an uneven load distribution which 
can severely degrade the QoS. Load balancing 
aims at mitigating this problem by forcing some 


users to roam toward less loaded neighbor WTPs, 
avoiding congestion. 

IEEE 802.11 does not provide any explicit 
mechanism to control the association of users to 
a specific WTP. For this reason, Cell Breathing 
(Bejerano & Han, 2006) gained consensus due 
to its simple and standard implementation. Cell 
Breathing is based on the assumption that stations 
choose to associate with the WTP from which 
they receive beacons with the highest power. 
Hence, Cell Breathing tries to redistribute users 
association varying the power that each WTP uses 
for transmitting beacons, by both increasing the 
power of beacons sent by low loaded WTPs, and 
reducing the one of beacons generated by highly 
loaded WTPs. 

The intra-cell Controller Module can also be 
used to implement Load Balancing strategies 
based on Cell Breathing, by using monitoring 
functionalities and commands for setting trans¬ 
mission power provided by CAPWAP. Applying 
the Load Balancing strategy, we assume that the 
Controller Module knows the position of each sta¬ 
tion. This assumption is based on the observation 
that WTPs in highly populated networks allow for 
a quite precise localization of users. Moreover, 
the localization of stations can be implemented 
using monitoring functionalities based on the 
IEEE 802.11 Information Element message of 
CAPWAP. The data frames forwarded from the 
WTP to the AC include the optional IEEE 802.1 
Frame Info CAPWAP header field. This field is 
used to include radio and PHY specific informa¬ 
tion associated with the frame. This information 
is used as an input for the Load Balancing algo¬ 
rithm, that uses the Cell Breathing approach to 
control the number of stations associated to each 
WTP. For instance, the algorithm may perform an 
exhaustive search among all possible configura¬ 
tions, choosing the one with the lowest maximum 
number of stations associated to a single WTP. 
The corresponding configuration is then enforced 
by using the IEEE 802.11 Tx Power message ele¬ 
ment within a CAPWAP Configuration Update 
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Request from the AC to the WTR A comparison 
among the two power allocation strategies is 
presented in (Bemaschi et al., 2009) by means 
of simulations with a number of stations ranging 
from 20 to 200 located randomly in a WLAN. 
The performance metric concerns the maximum 
number of stations associated to each WTR The 
Load Balancing strategy outperforms the fixed 
distribution, in which each WTP sends a beacon 
at its maximum power level, by reducing the 
maximum number of stations associated to WTP 
by an average 20-25%, depending on the number 
of active WTP in the WLAN. 

Mobility Manager 

Wireless local area networks are typical access net¬ 
works for mobile users. Whenausermoves across 
wireless cells belonging to the same IP network, 
the hand-off procedure is managed by the MAC 
layer. Conversely, when the roaming involves an 
IP network change, a mobility protocol is needed 
and the hand-off latency can be substantially 
higher. In recent years much research effort has 
been devoted to the support of network mobility, 
leading to the definition of a protocol for general 
mobility at the network level, called Mobile IP 
(Johnson, Perkins & Arkko, 2004; Perkins, 2002). 
Mobility at the network level is transparent to 
higher layers of the protocol stack, for instance to 
the transport and application layers. At the same 
time, for situations in which mobility is limited 
to local movements in administrative domains, 
for ins tance a corporate network, a number of 
micro-mobility protocols have also been proposed 
to enhance the hand-off performance (Campbell 
et al., 2002). Mobility across networks based on 
heterogeneous MAC layers, called vertical hand- 
off, has also been extensively studied (Bemaschi 
et al., 2005). 

In this context, the choice of a Centralized 
Architecture and the presence in the WLAN of the 
Access Controller is relevant in two respects: 


1. The Access Controller can play a role in 
improving the hand-off performance given 
its privileged position, that allows to main¬ 
tain information related to the position and 
traffic generated by the stations. 

2. From a QoS point of view, once the users 
has obtained certain QoS guarantees with the 
access networks these should be maintained 
also when he/she moves around. 

The first point has been extensively studied in 
the context of hand-off optimization, and many 
available results can be readily applied to the 
Centralized WLAN case. Conversely, the integra¬ 
tion of mobility and MAC parameter setting for 
the QoS support is still an open research issue 
and only a few works propose solutions that can 
be useful in the context of Centralized WLANs. 
Most of the work in this area has focused on the 
integration of local mobility with reservation 
protocols commonly used in wired networks. In 
(Paskalis, Kaloxylos, Zervas & Merakos, 2003) the 
efficient integration of the hand-off protocol with 
the RS VP signaling process in the wired portion of 
the network is considered. Performance evaluation 
is focused on the reservation phase, since it is as¬ 
sumed that traffic flows obtain the QoS requested 
after that reservation is successfully completed. 
In (Sroka & Karl, 2003) a mobility management 
protocol is extended to deal with hand-off requests 
towards WTPs that have not enough resources 
to provide the desired QoS. Again, the proposal 
considers QoS mechanisms available at routing, 
providing traffic differentiation only in the wired 
portion of the WLAN infrastructure. In (Garcia- 
Macias, Rousseau, Berger-Sabbatel, Toumi & 
Duda, 2003) a hierarchical QoS architecture that 
extends the DiffServ QoS model to mobile hosts 
in a IEEE 802.11 WLAN is presented. The ap¬ 
proach provides a quite comprehensive solution 
to the integration of mobility and QoS. However, 
the problem of managing Qo S requirements inside 
WLANs is solved through mechanisms working 
at the network layer or above. 
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In the specific context of Centralized WLANs 
managed through the CAPWAP protocols an ap¬ 
proach is presented in (Acanfora, Cacace, Ta nn ello 
& Vollero, 2006). The general schema involves 
the following steps: 

1. The Session Manager on the Access 
Controller maintains an information reposi¬ 
tory about ongoing traffic flows. This global 
session directory is built either from explicit 
traffic specifications sent by the stations, or 
through statistics provided by the Monitoring 
Module. 

2. The Access Controller becomes aware of 
the beginning of the hand-off procedure of 
a given station from the control frames that 
the WTP forwards to it. 

3. At this point, the information about the 
ongoing traffic flows of the mobile station 
is retrieved from the Session Manager and 
used by the Control Module of the WTP to 
which the station is moving to determine 
if it is necessary to change the MAC pa¬ 
rameter settings and to compute the new 
configuration. 

Even though this schema is straightforward, in 
practice there are some crucial issues. In the first 
place, it may be difficult for the Control Module 
to determine the new setting of MAC parameters, 
due to the cited limitations of analytical and heu¬ 
ristic methods. One solution to this problem is to 
delay the setting decision after that the hand-off 
is completed. In this case, for the Control Module 
the hand-off procedure is indistinguishable from 
the start of a new flow. Consequently, if admission 
control is in effect and the arrival cell is overloaded 
the moving station may see its traffic flows blocked 
by the admission control mechanism, in contrast 
with the principle that ongoing traffic should be 
granted a higher priority than new flows, and that 
blocking should only happen before the session 
starts. Notice that in general it is not convenient 
to prevent the station from performing the hand- 


off, for in this case the station would see a traffic 
disruption after losing the connection with the 
original WTP. 

Another approach is to protect the existing 
flows of the moving station. In this case, the 
Control Module does not perform admission con¬ 
trol on the ongoing traffic of the moving station. 
However, if the latter would j eopardize the traffic 
in the arrival cell, the station may be temporar¬ 
ily downgraded, in the sense that it is granted a 
reduced quality of service as long as the load of 
the destination WTP does not allow to provide 
the level of QoS requested. 

As it can be seen, the integration of QoS and 
mobility introduces some complications in the 
admission control and dynamic MAC management 
of the Control Modules. Actually, the simulation 
results reported in (Acanfora, Cacace, Iannello & 
Vollero, 2006) show that in many common situ¬ 
ations a table-based approach can improve the 
overall performance. However, additionalresearch 
and experiments are needed in order to devise a 
reliable and comprehensive solution. 

FUTURE RESEARCH DIRECTIONS 

The area of QoS monitoring and management 
in multi-cell wireless networks is highly active 
and we forecast it will be of high interest for the 
research community also in the next future. Two 
majorreasons explain this forecasting: the growing 
diffusion of such networks and their increasing 
complexity. 

Probably, one of the major trends in the man¬ 
agement of wireless infrastructures is represented 
by the ability of controlling a high number of 
co-located systems while applying cooperative 
strategies for the distribution and access of network 
resources. In this context, several activities can 
be devised involving CAPWAP and CAPWAP 
bindings. The first problem to be addressed is 
the joint management of such infrastructures. 
CAPWAP extensions, with properly designed 
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bindings, may represent a good solution in those 
scenarios. The problem of CAPWAP extensions 
has been partially considered for the management 
ofWireless MeshNetworks (WMNs) and WiMAX 
infrastructures, while it is still missing an analysis 
of CAPWAP functionalities employed in classical 
and next generation cellular networks. It can be 
expected that this will be an active research field 
in the next future in order to provide solutions in 
realistic scenarios (for instance, in urban areas and 
university campus). Strictly related to this research 
field is the field of algorithms design for the 
management and configuration of heterogeneous 
and cooperative wireless infrastructures. While 
several works have analyzed specific optimization 
problems present in such scenarios, the analysis 
and design of systems and algorithms solving 
problems in a wide variety of working conditions 
is still missing. The high impact of such research 
fields on services let forecast a growing research 
activity on them in the near future. 

Another area of interest is the monitoring and 
management of community networks. A commu¬ 
nity network is a virtual network where involved 
users share some commoninterest: from the simple 
Internet access, to common resources for storage 
and media distribution. Community networks 
are usually built on top of physical networks by 
mean of virtualization protocols (for instance, 
Virtual Private Networking). All the community 
networks using the same physical infrastructure 
share its resources, and require the definition of 
proper monitoring and controlling strategies both 
for the traffic internal to the community and for 
the traffic interactions among communities. The 
definition and design of such monitoring and 
controlling strategies is currently under study, but 
several issues require to be addressed in order to 
find suitable solutions inrealistic scenarios, where 
the community can span over several communi¬ 
cation technologies and a high number of com¬ 
munities interact and compete for the available 
resources. Also in this field of research CAPWAP 
can be used profitably: indeed several elements, 


from encryption/encapsulation to virtual access 
points management, can be adapted to community 
networks scenarios. Moreover most of CAP WAP 
monitoring strategies can be extended in order to 
provide suitable tools to be used in the definition 
of control and management algorithms. 

Eventually, another scenario of great interest is 
represented by the joint management of network 
infrastructures and users. This scenario requires 
that all the functionalities provided by CAPWAP 
are integrated with protocols controlling and 
monitoring users devices (for instance protocols 
based on the IEEE 802.21 standard). Although 
very few works analyzed such network scenarios, 
we can expect a growing interest on it, basing this 
expectation on the performance levels thatnetwork 
operators can provide to users in this context. 

CONCLUSION 

Large deployments of access points based on 
the IEEE 802.11 standard require management, 
configuration and control mechanisms. In this 
chapter we discussed the using of the CAPWAP 
standard as a viable protocol providing solutions 
to traditional problems of such scenarios in the 
context of centralized management architectures. 
In particular we analyzed several issues related to 
the management of the networks, and we showed 
the CAPWAP suitability under three different 
time scale: packet, for the management of QoS 
in every wireless cell, session, for the load bal¬ 
ancing of users, and network deployment, for the 
interferences reduction whenplanningfrequencies 
distribution. In all cases CAPWAP proves to be a 
flexible tool allowing the monitoring of networks 
(interferences and experienced quality levels) and 
the enforcing of QoS policies. As every protocols 
providing functionalities, CAPWAP relies on 
intelligent management and control systems for a 
particular strategy to be enforced. In this context 
we also discussed its integration in an architecture 
for the management of users mobility, showing 
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the flexibility and suitability of the protocol also 
in such a scenario. 

The concrete applicability of analyzed solutions 
has been discussed referring also to an open-source 
implementation of the protocol. Based on this 
implementation analysis, issues have been identi¬ 
fied and related, as constraints, to all the scenarios 
analyzed in the chapter. In the chapter we showed 
that those constraints have a very low impact on 
the flexibility of the protocol and its practical em¬ 
ployment in realistic scenarios. 

Future trends on access networks infrastructures 
let to forecast an increasing demand on monitoring 
and policy enforcing strategies with flexible char¬ 
acteristics. In this context, centralized strategies, 
relying on protocols like CAPWAP, will represent 
good solutions suitable for most scenarios of in¬ 
terests. 
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KEY TERMS AND DEFINITIONS 

CAPWAP : The IETF “Control And Provision¬ 
ing of Wireless Access Points” protocol 

Centralized WLAN: A centralized architec¬ 
ture for wireless local area networks 

Wireless Networks: A computer network 
based on a wireless communication technology 
Network Management: Activities devoted 
to configuration and control of a computer net¬ 
work 

QoS Monitoring: Activities devoted to to 
gather quantitative data about network perfor¬ 
mance 

QoS Support: Mechanisms useful to enforce 
specific performance levels of the network 
Performance Evaluation: Quantitative char¬ 
acterization of network performance 

ENDNOTE 

1 We consider the principal metrics used to 
characterize QoS performances. 
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ABSTRACT 

The chapter contains an overview of existing QoS solutions for multi-hop ad-hoc networks. Firstly, an 
introduction and short motivation are presented. The authors present an analysis of the QoS aspects of 
the physical layer because the wireless communication channel is constantly changing and inherently 
prone to errors. QoS provisioning at the data link layer is studied next. The authors focus on protocols 
which enable traffic differentiation, solve the hidden node problem and provide fair medium access. The 
chapter also deals with QoS issues at the network layer, where the authors mostly discuss QoS routing 
protocols. Additionally, cross-layer solutionsfor QoS support in multi-hop ad-hoc networks are analyzed. 
Finally, the expected direction offuture work and a brief summary are presented. 


INTRODUCTION 

Multi-hop ad-hoc networks are distributed, wire¬ 
less networks without infrastructure in which every 
node acts as both terminal and router. They are a 
rapidly evolving telecommunications technology 
which will assure connectivity for popular mobile 
devices (laptops, PDAs, cell phones, etc.). Ad-hoc 
networks can provide spontaneous communications 
for users which are out of reach of infrastructure 
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networks. They can also be used as extensions 
to existing networks. For example, community 
networks can be used to offer Internet access in a 
neighborhood. Finally, multi-hop ad-hoc networks 
can provide communications in emergency situa¬ 
tions, in which the infrastructure networks have 
failed or are unavailable. 

Currently existing wireless networks have dem¬ 
onstrated that it is possible to efficiently deal with 
data services (e.g., Internet connectivity). Therefore, 
there is a growing expectation that future wireless 
networks will efficiently deal with multimedia 
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services as well. This is caused by the growing 
popularity of such applications as VoIP, multi- 
media streaming, peer-to-peer file sharing, etc. 
However, the nature of ad-hoc networks makes 
the task of serving delay sensitive or bandwidth 
consuming traffic with a prop er QoS very complex. 
In comparison to wired networks, ad-hoc networks 
offer much smaller bandwidth and, therefore, their 
design requires much more attention. Additionally, 
such factors as mobility of devices, unpredictable 
channel conditions, the hidden and exposed node 
problems, limited battery power, and heterogene¬ 
ity of devices make QoS provisioning in ad-hoc 
networks a very complicated challenge. 

We begin with background information re¬ 
garding the challenges of QoS provisioning in 
multi-hop ad-hoc networks. Then, we describe 
QoS solutions proposed for the physical, data 
link and network layers. Additionally, we discuss 
cross-layer solutions, which combine features of 
the previously presented protocols. Finally, we 
sketch future research directions and present the 
most important conclusions. 

BACKGROUND 

QoS is a term which has been widely used in 
modem telecommunications. QoS is the ability to 
provide different priorities to different applications 
or flows to guarantee a certain level of perfor¬ 
mance. QoS guarantees are especially important 
when the network capacity is insufficient or the 
network is exposed to congestion. QoS is most 
commonly measured by the following metrics: 
bit rate, delay, variation of delay (jitter), packet 
dropping probability and bit error rate (BER). 
In multi-hop ad-hoc networks providing QoS is 
particularly difficult because of the challenges at 
the following layers: 

• Physical layer. The use of wireless tech¬ 
nologies makes links susceptible to fluctu¬ 
ations in the radio channel. As a result such 


factors as fading or interferences may lead 
to low bit rates and high BERs. The physi¬ 
cal layer should quickly respond in such 
situations to prevent high frame error rate 
(FER) at the data link layer. Furthermore, 
random movement of mobile nodes intro¬ 
duces unpredictable link failures which lead 
to network reconfiguration. Additionally, 
mobile nodes are usually li mi ted by their 
battery power. Power consumption can be 
one of the QoS attributes, because it has a 
strong influence on all QoS metrics. 

• Data link layer. With the help of adequate 
MAC protocols, nodes need to support ser¬ 
vice guarantees for multiple traffic classes 
and efficiently share a common radio chan¬ 
nel with their neighbors. Additionally, traf¬ 
fic scheduling schemes for real-time traf¬ 
fic should be used to avoid starvation of 
best effort traffic. The protocol should also 
promptly react to transmission errors and 
collisions. The automatic repeat request 
(ARQ) or adaptive error correction meth¬ 
ods should also be used when transmission 
quality degrades on the data link layer. 

• Network layer. Nodes can move in a ran¬ 
dom way. Therefore, the network topology 
changes unpredictably and routing proto¬ 
cols need to quickly adjust. Additionally, 
there should be a signaling protocol re¬ 
sponsible for ad mi ssion control, resource 
reservation, reaction to congestion and ne¬ 
gotiation of QoS parameters. 

All the mentioned features make assuring 
QoS in multi-hop ad-hoc networks both a chal¬ 
lenging task and an interesting research problem. 
Providing a complete QoS solution for the ad-hoc 
networking environment requires the interaction 
and cooperation between three OSI/ISO layers, 
i.e., the physical, data link and network layers. 
The first two layers allow for QoS support in a 
single-hop connection, the third layer is respon¬ 
sible for end-to-end Qo S. Therefore, in a multi-hop 
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environment a cross-layer approach seems to be 
mandatory. However, before describing several 
cross-layer approaches, we first look at the QoS 
solutions for each layer separately. 

PHYSICAL LAYER PROTOCOLS 

Wireless communication is very unpredictable, 
because the physical properties of the wireless 
channel change continuously. Asignal transmitted 
over the wireless channel is vulnerable to interfer¬ 
ences, fading and background noise. As a result, 
the quality of a wireless link is considerably lower 
and less stable than of a comparable wired l ink . 
In addition, the operation of neighboring nodes in 
multi-hop ad-hoc networks, where communication 
usually occurs in a common channel, decreases the 
available capacity of wireless links. Furthermore, 
any link changes in a multi-hop path can easily 
affect the quality of an end-to-end connection. To 
assure a proper QoS level at the physical layer 
(PHY), more sophisticated control of wireless links 
is needed. There are a number of PHY parameters 
that can directly influence the considered QoS 
metrics, namely: trans mi ssion power, receiver 
sensitivity, signal-to-noise ratio, and transmission 
rate. They are presented next. 

Transmission Power 

A transmitter is an electronic device which gen¬ 
erates electromagnetic waves, usually with the 
aid of an antenna. The transmitter emits these 
signals with a certain power level, referred to 
as the transmission power. The strength of these 
signals decreases with distance. In theory (for 
short, line-of-sight, LOS, distances), the receiv¬ 
ing power is proportional to 1 /d 2 , where d is the 
distance between the transmitter and the receiver. 
In practice (for long, non line-of-sight, NLOS, 
distances), the receiving power is proportional 
to 1 Id", where a is the path loss exponent and 


ae[4, 6], When a receiver moves from a LOS 
to a NLOS condition the received power drops 
(typically by 15-25 dB). 

National regulation agencies set an upper limit 
on the transmis sion power to protect human health 
and to avoid interferences. These limits usually 
depend on the type of devices and frequency 
bands used. 

Ad-hoc transmitters are usually equipped with 
a limited power source such as batteries or ac¬ 
cumulators. Their transmission power should be 
small enough to extend their operation time and 
high enough to achieve acceptable signal quality 
at the receiver. 

Receiver Sensitivity 

Receiver sensitivity determines its ability to 
discern low-level signals. It is a measurement of 
the weakest signal that can be received and cor¬ 
rectly recognized by the receiver. Therefore, this 
parameter is one of the key specifications of any 
radio device. The larger the absolute value of the 
negative number, the better the sensitivity. For 
example, a sensitivity of -95 dBm is better than 
a sensitivity of -92 dBm by 3 dB, or a factor of 
two. This also means that at a specified data rate, 
a receiver with a -95 dBm sensitivity can hear 
signals that are half the strength of those heard 
by a receiver with a -92 dBm sensitivity. The 
impact of this parameter on network performance 
in multi-hop ad-hoc wireless networks is studied 
by Ferrari, Tonguz, and Bhatt (2004). 

Signal-to-Noise Ratio 

The signal-to-noise ratio (SNR) is defined as the 
power ratio between a signal and the background 
noise. The higher the ratio, the less obtrusive 
the noise is. Due to the nature of signals, mostly 
characterized by a very wide dynamic range, SNR 
is usually expressed in the logarithmic decibel 
scale. The noise is calculated as the sum of the 
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background noise and the level of interferences 
at the receiver. The SNR at the receiver can be 
improved by reducing noise at the receiver or 
increasing the transmission power. 

Transmission Rate 

Transmission rate or bit rate is defined as the 
number of bits that are transmitted over a wireless 
li nk within a unit of time. It is usually quantified 
in bits per second. There are a number of bit rate 
definitions depending on the protocol layer. They 
are listed next. The physical layer gross bit rate 
(also known as the raw bit rate or data signaling 
rate) is the total number of physically transferred 
bits per second over a wireless link, including 
both useful data as well as protocol overhead. The 
net bit rate (also known as the useful bit rate or 
information rate) is the link capacity excluding 
the PHY layer protocol overhead, for example 
framing bits, equalizer training symbols, forward 
error correction (FEC) codes and other cha nn el 
coding. The relationship between the gross bit 
rate and net bit rate can be expressed using the 
following formula: gross bit rate x FEC code > 
rate. For example, in one ofthe PHY layers defined 
by IEEE 802.11, for a net bit rate of 6 Mbps the 
gross bit rate is 12 Mbps. 

The PHY layer of modem wireless standards 
(e.g. IEEE 802.11, IEEE 802.16) can support 
multiple transmission rates. In order for a wire¬ 
less device to utilize high transmission rates, 
the received signal needs to be greater than a 
given threshold, which is highly dependent on 
receiver sensitivity. It is up to the transmission 
rate selection algorithm to decide which rate to 
choose given the current cha nn el conditions. This 
has a direct influence on the QoS metrics of the 
channel, especially throughput. Unfortunately, 
modem wireless standards do not specify the 
method of automatic rate selection in the presence 
of multi-rate capable devices. As a consequence, 
there are several existing methods of choosing 
the appropriate transmission rate and vendors of 


wireless devices are free to choose one of them 
or design their own. Several of the most popular 
approaches are presented next. 

Statistics-Based Rate 
Selection Algorithms 

Auto Rate Fallback (ARF) is an example of a rate 
selection protocol based on cha nn el statistics. Ac¬ 
cording to Awerbuch, Holmer, and Rubens (2003), 
it is one of the most common rate selection proto¬ 
cols. It was developed for Lucent’s WaveLAN II 
devices (Kamerman & Monteban, 1997) and it uses 
the FER to determine the quality of the cha nn el. 
After successful reception of a given number of 
consecutive ACKs from a neighboring node, the 
transmission rate is increased. Similarly, after a 
consecutive number of ACKs have been lost, the 
rate is decreased. This protocol requires no changes 
in the IEEE 802.11 standard because the sender 
imposes the transmission rate. However, ARF is 
not the optimal strategy because it is very slow 
to adapt to the channel conditions. Additionally, 
even if the channel conditions are stable, it will 
unnecessarily try to change the rate. Furthermore, 
it can mistake collisions for cha nn el losses. A 
slight improvement over ARF is a retry-based 
approach (Van der Vegt, 2002). In comparison to 
ARF, it differs in that down-scaling is performed 
after a number of unsuccessful retransmissions. 
This results in a very short response time to de¬ 
teriorating links. However, the protocol behavior 
is pessimistic. The rate will increase only after a 
FER threshold has beenreached. This takes longer 
than the down-scaling procedure. There are also 
other well known statistics-based algorithms such 
as Onoe (http://madwifi-project.org/), Adaptive 
Multi Rate Retry (AMRR) (Lacage, Manshaei, & 
Turletti, 2004), and SampleRate (Bicket, 2005). 
Onoe is similar to ARF but not as sensitive to 
individual packet loss. It looks for the highest 
bit rate that has a loss rate less than 50%. AMRR 
uses binary exponential backoff and works well 
for high latency systems. SampleRate uses ag- 
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gressive probe packets to estimate the optimum 
trans mi ssion rate. 

SNR-based Rate Selection Algorithms 

Numerous SNR-based alternatives to the statistics- 
based approach have been proposed. One of them 
is Receiver Based Auto Rate (RB AR) proposed by 
Holland, Vaidya, and Bahl (2001). In this protocol, 
the receiver can determine the transmission rate 
on the basis of the SNR of each received RTS 
frame. Thenitinforms the sender about the desired 
rate in the CTS frame. This estimation is precise 
because it is done just before the trans mi ssion of 
a data frame. RBAR requires both changes to the 
IEEE 802.11 standard and the use of RTS/CTS 
even when there are no hiddennodes. On the other 
hand, it allows faster adaptability then ARE 
The Opportunistic Auto Rate (OAR) protocol 
(Sadeghi et al., 2002) uses a different, more ef¬ 
ficient approach. It utilizes the coherence times of 
good cha nn el conditions to send high-rate multi¬ 
frame bursts. This is similar to the TXOP feature 
of IEEE 802.11 (IEEE, 2007). The overhead in 
OAR is low because there is no contention period 
or sending of RTS/CTS frames in these bursts. 
Changing the burst size can also increase fairness 
(in terms of bandwidth allocation time) within 
the network. However, the downside to these 
advantages is that OAR requires modifications 
to the IEEE 802.11 standard. Additionally, both 
RBAR and OAR suffer from using pre-selected 
SNR thresholds, therefore they may not perform 
well under different channel conditions. 


DATA LINK LAYER PROTOCOLS 

The data link layer is responsible for establishing 
the physical and logical communication between 
network nodes. This layer consists of two sub-lay¬ 
ers : the MediumAccess Control (MAC) sub-layer 
and the Logical Link Control (LLC) sub-layer. 
Most of the issues related to QoS provisioning 


occur at the MAC sub-layer. This includes the 
aspects of efficient and fair channel access, the 
problem of hidden and exposed nodes, traffic 
differentiation, resource reservation, and traffic 
scheduling. The perfect MAC protocol should 
provide suitable mechanisms to efficiently share 
the available bandwidth among nodes, achieve 
high system throughput, support different traffic 
classes with the required QoS metrics, and perform 
well in a multi-hop environment affected by hid¬ 
den and exposed nodes. The QoS solutions at the 
upper layers (discussed in the next subchapters) 
usually assume the existence of a QoS-aware MAC 
protocol which supports reliable unicast transmis¬ 
sion and scheduling of real-time traffic. 

The problem of QoS support at the MAC layer 
has been a broad topic of research in recent years. 
The IEEE 802.11 EDCA (IEEE, 2007) protocol 
has been widely studied in the literature and is the 
only commercially available QoS MAC protocol. 
It is described elsewhere in this book. Many other 
MAC protocols supporting QoS have also been 
proposed and the most interesting solutions are 
shortly presented next. 

MACA/PR 

Multiple Access Collision Avoidance with Pig¬ 
gyback Reservation (MACA/PR) (Lin & Gerla, 
1997) is a MAC protocol which provides guar¬ 
anteed bandwidth to real-time traffic in a single 
hop network. Additionally, with the cooperation of 
QoS routing and fast connection setup mechanisms 
it can be used to support end-to-end multimedia 
delivery in a multi-hop network. 

To transmit real-time frames, the sender 
initiates an RTS/CTS handshake and then, after 
receiving the CTS frame, proceeds with the 
DATA/ACK frames. The RTS/CTS frame trans¬ 
mission is used only to set up reservation for 
the first data exchange. If the ACK frame is not 
received, e.g. due to a collision, the DATA frame 
is not retransmitted. Moreover, if the sender fails 
to receive a number of consecutive ACKs, which 
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Figure 1. The MACA/PRprotocol operation (Adaptedfrom (Lin & Gerla, 1997)) 


RTS CTS DATA ACK _ DATA ACK 


-Cycle- 


is a configurable protocol parameter, it restarts 
the connection with the RTS/CTS exchange. The 
reservation scheme requires that each node has 
a Reservation Table (RT) which keeps track of 
transmit and receive reserved windows (for any 
node within transmission range). The real-time 
scheduling information is carried in the headers 
of DATAand ACK frames. Anode recognizes the 
next transmit time from the DATA or ACK head¬ 
ers and records it in its RT. This allows to avoid 
conflicts with ongoing reservations. The sender 
should piggyback the reservation information for 
the next DATA frame transmission on the current 
DATA frame. The receiver reads this information, 
puts it in its RT and confirm s it with the ACK 
frame. The information transmitted in the ACK 
frame also prevents other nodes from transmit¬ 
ting at the time when the receiver is scheduled 
to receive the next DATA frame from the sender. 
The propagation and maintenance of RTs among 
neighbors overcomes the hidden node problem 
for real-time traffic. Atypical frame transmission 
cycle is presented in Figure 1. 

For the transmission of best effort traffic the 
operation of MACA/PR is similar to IEEE 802.11 
DCF. The sender must first wait for a free window 
in the RT. Additionally, it waits a random time in 
the order of a single-hop round-trip delay. Then 
it starts sensing the channel. If the channel is 
free, it initiates the transmission of RTS/CTS/ 
DATA/ACK frames. If the cha nn el is busy, the 
whole procedure is delayed until the cha nn el 
becomes idle. 

To summarize, in MACA/PR best effort and 
real-time frame transmissions can be mixed at 
each node, with priority given to real-time traf¬ 
fic. For this traffic, the protocol behaves like a 


Time Division Multiplexing (TDM) system. Best 
effort frames can easily fill all empty windows 
in the cycle to achieve high overall protocol ef¬ 
ficiency. 

IEEE 802.11 DCF with a 
Multi-Priority Scheme 

A variation of the IEEE 802.11 DCF protocol to 
support different traffic classes is proposed by 
Deng and Chang (1999). There are four traffic 
classes differentiated by their inter-frame space 
(IFS) and backoff periods. For higher priority 
traffic a node waits for the cha nn el to be idle for 
PIFS, for lower priority traffic it waits for DIFS. 
Even if a node is waiting for PIFS it can still lose 
the contention if it chooses a backoff larger than 
other nodes (in particular, nodes which waited 
for DIFS). 

The proposed scheme is simple and can be 
easily implemented in IEEE 802.11 devices. 
Simulation results (Deng & Chang, 1999) show 
that the proposed protocol has better performance 
than DCF in terms of throughput, access delay, and 
loss probability for higher priority traffic. Unfor¬ 
tunately, the considered scheme ca nn ot provide 
deterministic delay bounds for higher priority 
traffic. Moreover, the lowest priority traffic suffers 
from much higher delay compared to DCF because 
longer backoff periods are selected even when no 
higher priority traffic is being transmitted. 

Black Burst Contention Scheme 

The Black Burst protocol (Sobrinho & Krishnaku- 
mar, 1999) provides a bounded time delay for real¬ 
time traffic in ad-hoc networks. This protocol is 
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distributed and based on the CSMAaccess method. 
It ensures collision-free transmission of real-time 
frames. Nodes sending real-time traffic use pulses 
of energy, which are called Black Bursts (BB), to 
contend for medium access. The length of these 
pulses is proportional to the time the nodes had 
to wait for the channel to become idle. This delay 
is measured from the first attempt to access the 
channel by a node until its trans mi ssion starts. After 
transmitting its BB, the node waits for a specified 
time interval to see if any other node is transmit¬ 
ting a longer BB. If the channel is perceived idle 
after this interval, then the node can immediately 
trans mi t its real-time frame. Otherwise, it waits 
for the next cha nn el access cycle and repeats the 
algorithm. Around-robin discipline among nodes 
transmitting real-time frames is enforced, which 
results in bounded access delays. The BB protocol 
can also support asynchronous data transmission. 
Nodes transmitting asynchronous data frames 
use a longer IFS than nodes sending real-time 
traffic. The BB contention scheme guarantees 
that real-time frames are always favored over 
asynchronous data frames. The BB protocol can 
be easily combined with DCF and implemented, 
with minor modifications, in WLAN cards. Un¬ 
fortunately, the protocol does not consider the 
exposed node problem. 

PUMA 

The Priority Unavoidable Multiple Access 
(PUMA) protocol (Natkaniec & Pach, 2002) 
e nh ances DCF to support strict priority isochro¬ 
nous traffic transmission in ad-hoc mode. Three 
different time intervals are defined: SIFS, PIFS, 
andDIFS, where DIFS>PIFS>SIFS. This is similar 
to the IEEE 802.11 standard. Every active station 
measures these intervals after the end of each 
frame to determine the moment it can start its 
own transmission. The station proceeds with its 
isochronous transmission if the medium is deter¬ 
mined to be idle for an interval that exceeds PIFS. 
All stations sending isochronous frames should 


start its transmission simultaneously and send the 
JAM signal. The JAM signal consists of pulses of 
energy (similarly to the BB protocol) and has the 
length of one slot. This signal informs all other 
stations (especially stations sending asynchronous 
frames) that in their neighborhood an isochronous 
transmission will begin. This means that all other 
stations have to defer their transmission until the 
reception of an RTS or CTS frame to update their 
network allocation vector (NAV). Arandom back¬ 
off interval is then selected and used to initialize the 
backoff timer. The backoff timer is decremented 
only when the medium is idle. It is frozen when 
the medium is busy until the next PIFS period. 
A station initiates an RTS frame transmission 
when the backoff timer reaches zero. To increase 
the efficiency of PUMA in a scenario with high 
load and a large number of contending stations, 
a backoff scheme called DIDD was used as the 
default backoff mechanism (Natkaniec & Pach, 
2000). A typical isochronous frame trans mi ssion 
scenario is presented in Figure 2. 

On reception of an RTS frame the receiver re¬ 
sponds with a CTS frame, which can be transmitted 
after the channel has been idle for a time interval 
exceeding SIFS. After a successful exchange of 
RTS and CTS frames the transmitter sends its 
DATA frame in a collision free manner. In the 
case when a CTS frame is not received within the 
predetermined time interval, the RTS is retrans¬ 
mitted according to the backoff rules. Addition¬ 
ally, a multiple frame transmission mechanism is 
implemented in PUMA to increase the protocol 
performance measures. Data frames are transmit¬ 
ted in sequence without the risk of collision after 
a successful medium reservation through the 
RTS/CTS exchange. The number of data frames 
transmitted in sequence is configurable. 

PUMA has the following additional features. 
The life-time of each isochronous frame is mea¬ 
sured. If it reaches its limit and the frame cannot 
be sent to its destination it is treated as useless 
andremoved from the station buffer. Furthermore, 
PUMA allows controlling the minimal amount 
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Figure 2. The operation of PUMA for isochronous traffic (Adapted from (Natkaniec & Pach, 2002)) 
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of asynchronous traffic by introducing an ad¬ 
ditional timer. It is used to measure the life-time 
of asynchronous frames located in the source 
station buffer. An asynchronous frame located in 
the head of the queue gets a higher priority if its 
life-time is reached. Its priority becomes equal to 
the priority of isochronous frames. 

ES-DCF and DB-DCF 

Two variants of DCF that incorporate explicit 
support of real-time traffic are proposed by Pal, 
Dogan, and Ozguner (2002). Both protocols use 
deterministic collision resolution algorithms in or¬ 
der to provide QoS guarantees for different traffic 
classes. The interesting fact is that both schemes 
do not apply any backoff mechanism. 

The Elimination by Sieving DCF (ES-DCF) 
protocol defines three phases of operation: elimi¬ 
nation, channel acquisition and collision resolu¬ 
tion. In the elimination phase, every node receives 
a grade which depends on the deadlines and pri¬ 
orities of its real-time frames. A lower numerical 
grade means that a frame has a closer deadline, 
which also means that it has waited in the queue 
for a longer time, and its channel-free-wait-time 
parameter is smaller. This parameter also depends 
on real-t im e frame priority because ES-DCF de¬ 
fines two classes of real-time traffic. Additionally, 
finer sub-grades are assumed by choosing random 
numbers from a specified interval to avoid the 


existence of two or more real-time frames from 
different nodes with the same grade (similar frame 
deadlines usually mean the same grade). After a 
node has waited for the channel-free-wait-timethe 
channel acquisition phase begins. If the channel 
is idle, the node transmits an RTS frame. After 
receiving the RTS frame all other nodes defer their 
accesses until the next channel acquisition phase. 
If the node receives a CTS frame, it can begin the 
transmission phase, in which its real-time frame 
can be sent. Otherwise, the collision resolution 
phase is initiated by transmitting BBs of lengths 
equal to the unique node ID numbers. The node 
that sends the longest BB wins the contention and 
accesses the cha nn el at the subsequent attempt. 
It should be pointed out that the collision resolu¬ 
tion phase introduces the blocked-access feature, 
where all nodes that have experienced a collision 
in the channel acquisition phase use the smallest 
channel-free-wait-times. This means that they 
can pre-empt all other nodes during the collision 
resolution phase. The operation of ES-DCF is 
presented in Figure 3. 

The Deadline Bursting DCF (DB-DCF) proto¬ 
col is similar in operation to ES-DCF. In the first 
phase, called the BB contention phase, areal-time 
node starts the transmission of a BB proportional 
to the urgency of its real-time frames (which 
corresponds to their deadlines). The BB lengths 
are defined as multiples of a BB slot time. After 
sending its BB transmission, the node checks the 
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Figure 3. Phases of ES-DCF operation (Adapted from (Pal, Dogan, & Ozguner, 2002)) 



cha nn el to determine any longer BB duration. 
If it senses any other BB transmission, it defers 
its channel access until the next channel access 
cycle, where a new BB length is calculated and 
transmitted. The channel acquisition and collision 
resolution phases of DB-DCF are exactly the 
same as ES-DCF. The operation of the DB-DCF 
protocol is presented in Figure 4. 

Both protocols assume asynchronous frame 
transmission after the DIFS period. However, 
the ES-DCF protocol cannot be directly com¬ 
bined with an IEEE 802.11 DCF implementation 
because the channel-free-wait-time intervals for 
asynchronous data frames are longer than DIFS. 
Moreover, a high volume of real-time traffic can 
completely suppress asynchronous data transmis¬ 
sion. Simulationresults showthatES-DCF is more 
efficient for hard real-time traffic (i.e., real-time 
frames are dropped when expired), while DB-DCF 
behaves better for soft real-time traffic (Dogan & 
Ozguner, 2002). 


QoS Enabled MAC for 
Multi-Hop Ad-Hoc 

The MAC protocol proposed by Ying, Anand, and 
Jacob (2003) provides service differentiation for 
real-time constant bit rate traffic, real-t im e variable 
bit rate traffic and asynchronous non-real-time 
traffic. For real-time traffic it uses a distributed 
mechanism for scheduling and reserving the radio 
channel. According to the proposed scheme ev¬ 
ery non-real-time frame and the first frame from 
a real-time session (or burst) begins a typical 
RTS/CTS/DATA/ACK sequence. The subsequent 
frames in a real-time burst are transmitted using 
the DATA/ACK exchange. The protocol differenti¬ 
ates between ACK and DATA frames of real-time 
(R-ACK, R-D ATA) and non-real-time traffic (D— 
ACK, D-D ATA). R-ACK performs a reservation 
for the next R-DATA frame because RTS/CTS 
frames are transmitted only at the beginning of 
the transmission of real-time traffic. 


Figure 4. Phases of DB-DCF operation (Adapted from (Pal, Dogan, & Ozguner, 2002)) 
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Figure 5. QMA protocol operation (Adaptedfrom (Wang & Liu, 2007)) 
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Each node maintains a receive and trans mi t 
reservation table (Rx RT and Tx RT, respectively). 
They contain reservation windows in which the 
neighboring nodes have scheduled to receive and 
trans mi t real-time frames. When a node receives 
R-DATA, it estimates the next Tx time and writes 
it into its Tx RT. After receiving R-ACK, it writes 
the reservation into its Rx RT. If a node wants 
to initiate a new non-real-time or real-time ses¬ 
sion, it has to check its Rx RT and Tx RT to find 
a free slot in which no neighbor is scheduled to 
receive or transmit during the time needed for the 
RTS/CTS/DATA/ACK transmission. In the case 
of receiving an RTS frame, it checks its Rx RT 
and Tx RT tables before responding with a CTS 
frame. After a successful DATA transmission, an 
ACK frame is expected. If no ACK is received, the 
sender node assumes that a collision has occurred 
and enters the backoff stage. The protocol uses 
the same binary exponential backoff mechanism 
as defined in the IEEE 802.11 standard. 


The proposed protocol guarantees bounded 
delays for real-time traffic, however, its effec¬ 
tiveness highly depends on overhearing R-DATA 
and R-ACK frames. The authors have proven 
that their protocol achieves lower maximum and 
average delays for real-time traffic than EDCA, 
BB, and MACA/PR. The reservation tables help 
avoid collisions in hidden node scenarios, which 
results in small packet loss rates. 

QMA 

Wang and Liu (2007) have proposed a QoS-based 
Multiple Access (QMA) protocol for ad-hoc net¬ 
works. This protocol supports two types of traffic: 
real-time and best effort. In QMA, the channel 
access cycle is divided into a contention and trans¬ 
mission phase (Figure 5). Each node is obliged to 
sense the medium for a time interval T . before 
accessing it. If the medium is idle, the node can 
start the contention phase. The contention phase 
is composed of n + m slots which are assigned to 
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real-time (n slots) and best effort traffic (m slots). 
The nodes sending best effort traffic are allowed 
to broadcast a forecast burst (FB) in m slots only 
when all n slots are idle. This assures priority of 
real-time over best effort traffic. 

Anode chooses a number b, which is a random 
variable with a truncated geometric distribution. If 
a node senses the first b slots idle, it immediately 
starts transmission of k • FB slots. Otherwise, it 
stops its backoff. The k parameter depends on 
the frame lifetime. The frame with the earliest 
deadline has the largest k value. After transmis¬ 
sion of FBs the node senses the medium. If the 
cha nn el is busy, it means that there must be at 
least one contending node with a higher priority 
frame, and the node with a lower priority frame 
has to backoff. Otherwise, if the channel is idle, 
the node can start its DATA transmission. Suc¬ 
cessful reception of DATA is confirmed with an 
ACK frame. An example of the operation of QMA 
is presented in Figure 5. 

The QMA protocol guarantees that only the 
nodes that start transmission of FBs in the same slot 
can successfully survive the contention phase. The 
node which sends the largest number of FBs wins 
the overall contention. The simulation results show 
that the QMA protocol with its well-organized 
collision resolution mechanism obtains a higher 
efficiency than IEEE 802.11 EDCA(Wang & Liu, 
2007). Unfortunately, the protocol supports only 
two types of traffic. Furthermore, high real-time 
traffic can completely starve best effort traffic. 

NETWORK LAYER PROTOCOLS 

The network layer is mostly responsible for 
ensuring QoS routing, ad mi ssion control and 
signaling. In this subchapter we mostly discuss 
QoS routing protocols, because they are the main 
focus of research in this layer. The main goals of 
such protocols are the following: 


• Estimate the available network capacity. 
This information is often used to perform 
admission control. 

• Find loop free routes which satisfy QoS re¬ 
quirements of flows. QoS constraints typi¬ 
cally taken into account are jitter, delay, 
bandwidth and power consumption. 

• Reserve the required resources. 

• Maintain routes by utilizing redundant 
routes, predicting route breaks, and using 
a route recovery mechanism. 

In multi-hop ad-hoc networks routing is very 
challenging mostly because of two reasons. Firstly, 
bandwidth is very limited and, therefore, a QoS 
routing protocol must have small overhead. Sec¬ 
ondly, the topology is constantly changing and, 
therefore, the reserved resources cannot be hard 
guaranteed. The most important QoS routing pro¬ 
tocols are described next in chronological order. 

CEDAR 

Core-Extraction Distributed Ad-hoc Routing 
(CEDAR) (Sinha, Sivakumar, & Bharghavan, 
1999) is a hierarchical QoS routing algorithm for 
MANETs. It consists of three key components: 
core extraction, link state propagation, and route 
computation. 

The main goals of CEDAR are, firstly, to 
compute routes quickly and, secondly, to react 
to the network changes without large amounts of 
state propagation. Therefore, the protocol focuses 
on rapid reaction to network changes rather than 
on the optimality of routes. Furthermore, there 
are several basic assumptions made in CEDAR. 
Firstly, nodes communicate on the same channel. 
Secondly, transmitters have a fixed transmi s sion 
range. Thirdly, networks are small or of a medium 
size (tens to hundreds of nodes). Finally, the 
MAC-link layer can be used to estimate available 
link bandwidth. 
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Figure 6. Network with core nodes (a) and corresponding core graph (b). (Adapted from (Sinha, Siva- 
kumar, & Bharghavan, 1999)) 



Route Discovery and Maintenance 

CEDAR uses a greedy algorithm to create an 
approximate minimum dominating set (DS) of 
the core nodes (Figure 6). This set is chosen in a 
distributed manner. Each core node has enough 
local topology information to reach the domain 
of its nearby core nodes and set up paths (virtual 
links) to them. Other MANET members need to 
choose a dominator from the DS because only 
the core nodes maintain local topology informa¬ 
tion, participate in the exchange of network state 
information, discover and maintain routes, and 
perform admission control. When a host loses 
connectivity with its dominator (due to mobility) 
it either finds a new dominator from the neighbor¬ 
ing core nodes, no mi nates one of its neighbors to 
join the core, or itself joins the core. 

CEDAR assumes that each core node not only 
has up-to-date information about its local topol¬ 
ogy but also about stable high bandwidth distant 
links. To achieve this goal, it adopts increase and 
decrease waves. The former provide information 
about an increase of the available bandwidth. They 
are propagated locally and they are periodical. 
The latter provide information about a decrease 
of the available bandwidth. They are propagated 


distantly and they are sent immediately after each 
bandwidth change. These waves are generated 
every time when an estimate of the available band¬ 
width changes by some threshold value. CEDAR 
propagates information about the state of stable 
high bandwidth links throughout the core, and 
keeps information about the sate of low bandwidth 
or unstable links locally. This is possible because 
for an unstable li nk the decrease wave stops the 
increase wave from propagating. 

The QoS route computation scheme in CEDAR 
involves the following three phases: 

• Establishment of the core path: Firstly, 
a source node sends a request to its domi¬ 
nator. Then the dominator forwards this 
message to each of its nearby core nodes 
using the core broadcast algorithm. After 
the dominator of the destination node re¬ 
ceives this message it responds with a 
source routed unicast core_path_ack mes¬ 
sage. When the core_path_ack message is 
received by the source dominator, the core 
path establishment phase is finished and 
the QoS route computation phase can be 
started. 
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Figure 7. Reestablishment of a route (Adapted from (Sinha, Sivakumar, & Bharghavan, 1999)) 
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QoS route computation: The dominators 
of the source and the destination nodes 
have partial knowledge about the local 
topology and the remote stable high band¬ 
width links. On this basis the dominator of 
the source node is able to compute a path 
to the furthest, intermediate core node in 
the core path which can guarantee the re¬ 
quested bandwidth. The route selection 
is based on a two phase Dijkstra’s single 
source shortest path algorithm in order to 
find the shortest-widest path. Then, the 
intermediate core node starts a QoS route 
computation using its local state. As a re¬ 
sult, the concatenation of the partial paths 
computed by the core nodes provides a 
QoS core route from the dominator of the 
source node to the dominator of the desti¬ 
nation node. 

Dynamical re-establishment of routes 
for ongoing connections (Figure 7): In the 
case of link failure or a topology change 
two mechanisms can be used: QoS route 
re-computation at the failure point and QoS 
route re-computation at the source. The 


former is suitable for failures occurring 
near the destination. The latter is effective 
when the failures occur near the source. 


TBP 

Ticket-Based Probing (TBP) (Shigang & 
Nahrstedt, 1999) is a multipath distributed routing 
scheme which uses tickets to limit the number of 
candidate paths. It can handle different QoS con¬ 
strains (such as bandwidth and delay). The basic 
scheme of TBP is as follows. When a source node 
wants to find QoS paths to a destination node, 
based on the available network state information, 
it issues routing messages (probes, P) with a given 
number of tickets (T). When a probe message with 
more than one ticket is received by an intermediate 
node, based on its local state information, the node 
may decide to split the probe and forward different 
tickets on different downstream sub-paths. When 
the destination node receives the probe, a possible 
path from the source to the destination is found. 
TPB assumes that one ticket is a permission to 
search a single path and that one probe should 
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Figure 8. TBP operation (Adapted from (Shigang & Nahrstedt, 1999)) 



carry at least one ticket. Therefore, the maximum 
number of probes and the maximum number of 
searched paths are dependent on the number of 
tickets issued from the source node. 

An example of TBP operation is presented 
in Figure 8 where S is the source node, and D is 
the destination node. Two probes are initiated at 
S: PI with two tickets, and P2, with one ticket. 
PI is split into two probes (P3 and P4) at one of 
the intermediate nodes. As a result three paths 
are found. 

BR 

The Bandwidth Routing (BR) protocol (Lin & 
Liu, 1999) uses bandwidth QoS constraints to 
establish paths between pairs of nodes. The pro¬ 
tocol is designed for TDMAnetworks. Therefore, 
bandwidth is measured in terms of free timeslots 
available. BR works in conjunction with the 
Destination-Sequenced Distance Vector (DSDV) 
routing scheme. 

The performance of BR is based on the source 
node’s knowledge of end-to-end bandwidth avail¬ 
able to any possible destination, which enables ef¬ 
ficient support of real-time applications and helps 
establish QoS routes. Additionally, the protocol 
supports admission control. The assumptions made 
by Lin and Liu are the following. Transmissions 
are half-duplex, i.e., each node can either trans¬ 


mit or receive data. The cha nn el is time slotted 
and either a time synchronization mechanism or 
a global clock is provided. In each data slot one 
data packet can be transmitted. 

Bandwidth Reservation 
and Slot Assignment 

In this protocol each node has its own set of free 
slots. A common set of free slots between two 
adjacentnodes denotes the link bandwidth between 
these two nodes. The path bandwidth is calculated 
on a hop-by-hop basis along the whole path from 
a source node to a destination node and it is the 
set of available slots between the two nodes. 

The protocol assumes that each frame is 
divided into two phases: the control phase and 
the data phase. The control phase is used to per¬ 
form the control functions (e.g., slot and frame 
synchronization, power measurement, setup of 
virtual connections, building of routing tables). 
The amount of slots/frames assigned to a path is 
determined by a QoS requirement. The control 
phase uses pure TDMA with full power transmis¬ 
sion in a common code, i.e., each node broadcasts 
its routing information (obtained by DSDV) and 
its QoS requirements to its neighboring nodes in 
predefined timeslots. In noisy environments an 
additionalACKmechanismis employed to assure 
correct data exchange. At the end of the control 
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phase each node can schedule free slots, verify the 
failures ofreserved slots and drop expired packets. 
This is possible because nodes have information 
about channel reservations made by their neigh¬ 
bors. In the data phase, the required bandwidth 
resources are first pre-allocated and then traffic 
exchange may take place. Therefore, the protocol 
assumes that the amount of bandwidth along the 
path is computed and known to all nodes. This 
information becomes useful when a new request 
enters the network because it can immediately 
determine if a new flow can be accepted or not. 

The free slots are assigned during session setup 
by the slotassignmentalgorithm. Every intermedi¬ 
ate node and the destination node, after receiving 
a reservation request from the source node, checks 
whether it has enough free slots to receive and 
forward the data packets. If the required number 
of slots is available, they become reserved, the 
routing table gets updated and the session setup 
is forwarded to the next neighbor. Otherwise, the 
reservation fails and all currentreservations on the 
path back to the source node are cancelled with 
the use of a RESET packet. When the end-to-end 
path reservation is successful, the destination 
node sends a REPLY packet to the source node to 
acknowledge a positive connection setup. 

Route Maintenance 

Eachnode holds two secondary paths inits routing 
table which can be used when the primary route 
fails. The secondary path is chosen for a new 
primary path if it satisfies the QoS requirements 
of a particular flow. The primary route does not 
have to be the highest bandwidth path; it must be 
the shortest one meeting the QoS requirements. 

BRulT 

Bandwidth Reservation under InTerferences 
influence (BRulT) (Chaudet & Guerin Lassous, 
2001) is a distributed signaling protocol for 
bandwidth reservation which takes into account 


the existence of interferences between nodes. 
The authors concentrate on the bandwidth metric 
because it may affect such parameters as delay 
or jitter. The performance of BRulT is based on 
periodically determining which nodes interfere 
with other nodes and what are their bandwidth 
reservations. BRulT is implemented over a reac¬ 
tive routing protocol. 

Neighborhood Discovery 

In order to obtain knowledge about its neighbor¬ 
hood, each node periodically broadcasts a Hello 
packet. This packet contains the sender’s address, 
the total bandwidth which it will use for already 
accepted flows and the information leamt from 
its neighbors which are A: hops away. Propagation 
of Hello packets within two hops is presented in 
Figure 9. The reception of these packets helps 
each node compute the remaining bandwidth and 
allows more precise ad mi ssion control. 

Route Discovery 

Every source node, to reserve bandwidth for a 
single flow, broadcasts a route request message 
including information about the destination node’s 
address and the amount of requested bandwidth. 
Then, the admission control procedure is per¬ 
formed at each intermediate node. If it fails, the 
request is dropped. Otherwise, the request is further 
broadcasted until it reaches the destination node. 
Upon reception of more than one request for a 
particular flow, only the first one is accepted. After 
the destination node receives the request packet, 
it does admission control and, if the amount of 
free bandwidth is sufficient it replies with a route 
reply message. When intermediate nodes receive 
the route reply packet, they check if they still have 
enough bandwidth to satisfy the QoS requirements 
of the flow. If the amount of available bandwidth 
is not satisfactory, the reply message is dropped. 
Otherwise, the requested amount of bandwidth is 
reserved. Finally, after the source node receives 
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Figure 9. Broadcasting of Hello packets (Adapted from (Chaudet & Guerin Lassous, 2001)) 
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the reply from the destination node, it starts its 
data transmission. 

Route Maintenance 

To deal with mobility each node periodically 
sends Hello packets. Lack of Hello packets from 
a given neighbor informs about its movement or 
failure. Additionally, to deal with route breaks, 
reservations made by intermediate nodes have a 
soft-state. Therefore, if there is no data exchange 
on a given path for a certain time, the reserved 
bandwidth is released. Finally, to deal with misbe¬ 
having applications (i.e., applications using more 
bandwidth than requested) and to avoid frequent 
interferences caused by the exchange of false 
information, each sender node shapes its traffic 
using token bucket filters. 

TDR 

Trigger-based Distributed Routing (TDR) (De 
et al., 2002) is an on-demand routing protocol 
designed to support QoS-aware real time applica¬ 
tions. It aims to effectively deal with link failures. 
Additionally, to reduce control traffic, TDR utilizes 
GPS-based location information and on-demand 
route discovery. 


Database Management 

In TDR all hosts must keep local neighborhood 
and routing information. Therefore, each host 
maintains two databases: 

• Local Neighbor Database. It stores infor¬ 
mation about the location and the mobility 
of neighboring nodes (carried in periodi¬ 
cally sent beacons) and the power level of 
these beacons. 

• Activity-Based Database. It stores rout¬ 
ing in formation valid for each session. 
Depending on the role of the node which 
stores the routing table it is called the 
source, destination or intermediate node 
database. Obviously, nodes may require 
maintaining some or all types of databases 
for different ongoing sessions. 

Route Discovery 

In TDR the source node floods route discovery 
packets to its neighbors. In order to reduce the 
signaling overhead, only some of the neighbor¬ 
ing nodes are considered as possible next hops 
in the route. They are selected on the basis of the 
received power level which has to be greater than 
a predefined threshold. 
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At the beginning of the route discovery pro¬ 
cess, the source node must check if it has enough 
available bandwidth to satisfy the bandwidth re¬ 
quirement in the request. If enough bandwidth is 
available it is temporarily reserved by the source 
node. The reservation time is equal to the time 
in which it is expected that an acknowledgement 
packet from the destination node will be received. 
A valid route to the destination node is found with 
the help of a modified breadth first search algo¬ 
rithm. All intermediate nodes, upon receiving the 
first discovery packet, perform admission control 
based on available bandwidth. When the destina¬ 
tion node receives the discovery packet and meets 
the QoS requirements of the session, it accepts 
the discovered route and sends an acknowledge¬ 
ment to the source node. If the location of the 
destination node changes it sends an appropriate 
location update message. Additionally, in order to 
avoid routing loops, TDR requires intermediate 
nodes to accept only one route discovery packet 
per session. 

Route Maintenance 

Route maintenance in TDR is based on three 
received power levels: P thl , P [h2 , P cr where P [h| > 
P > P cr . When the downstream received power 
level is lower than the critical limit P cr , the source- 
destination route gets disrupted until an alternate 
route is set up by the source node. If the power 
level is between P th2 and P cr , the source node is 
notified by an intermediate node with a rerouting 
request. Finally, if the power level is between 
P ih| and P ih2 , the intermediate node initiates the 
rerouting process. 

QoS-AODV and QoS-TORA 

Gerasimov and Simon (2002) propose QoS ex¬ 
tensions to the AODV and TORA (Temporally 
Ordered Routing Algorithm) routing protocols. 
These extensions add scheduling and resource 
reservation for a TDMA-like data link mechanism. 


The modified protocols are called QoS-AODV 
and QoS-TORA, respectively. They combine 
information from the data link layer and the 
network layer. 

QoS-AODV 

At the beginning of the path discovery procedure a 
source node checks if it has enough residual band¬ 
width to any of its neighbors to meet the require¬ 
ments of an application. If there is enough band¬ 
width available the source node floods a modified 
route request (RREQ) packet to its neighboring 
nodes. The modifications include application ID 
and number of slots required for successful reser¬ 
vation. Upon receiving RREQ, each intermediate 
node performs admission control based on avail¬ 
able bandwidth. Additionally, each intermediate 
node checks if it has an entry in its routing table 
corresponding to the received application ID. If 
the entry does not exist, it is created. Otherwise, 
the node checks if the RREQ received is newer 
than the one it has and, if necessary, updates its 
routing table. Each entry in a routing table con¬ 
tains addresses of three downstream nodes (in 
the direction to the source) as well as bandwidth 
schedules between those nodes. The bandwidth 
information is included in order to inform of the 
calculated bandwidth, prevent direct collisions 
and avoid the hidden node problem. Finally, upon 
receiving the RREQ packet, the destination node 
checks its residual bandwidth. If the admission 
control succeeds, it starts the reservation protocol. 
Additionally, if more than one RREQ is received 
by the destination node, it chooses the one with 
enough bandwidth, not the one with the fewer 
number of hops as in the original AODV. 

QoS-TORA 

There are two possible means of route discovery 
in QoS-TORA. Firstly, if a best-effort path from 
a source to a destination node does not exist a 
TORA Query packet is sent. Secondly, if any 


246 



QoS Support in Multi-hop Ad-hoc Networks 


path exists, the source node sends a Bandwidth 
Query packet, which conta ins the number of 
slots needed and the application ID, on a known 
path. Upon receiving this packet, the destination 
node does admission control based on its residual 
bandwidth and broadcasts an Update Bandwidth 
packet, which contains the application ID, number 
of slots required and the source node ID. After an 
intermediate node receives this packet it calculates 
a new path bandwidth, checks if it has an entry 
for the received application ID, and updates its 
routing table with the best QoS path. The source 
node has to wait for several Update Bandwidth 
packets from its neighboring nodes before it can 
start the reservation protocol. This is done in order 
to make the selection of a QoS path possible and, 
upon path break, skip the route discovery proce¬ 
dure and immediately use an alternative path. 

QoS-AODV 

QoS-AODV (Chenxi& Corson, 2002) is a routing 
protocol using TDMA. Its operation is limited to 
small networks. The basic idea is that QoS routes 
are built only if necessary. The authors assume 
that applications are session-oriented and have a 
constant bandwidth requirement. The QoS require¬ 
ment of a session is specified by the number of 
time slots needed on a route from a source to a 
destination node. Therefore, QoS-AODV finds 
both the route between the two nodes and the 
slots for each link on a path. 

Bandwidth Calculation 

The source node specifies the required number of 
slots along a QoS path. Each node along this path 
must find at least the required number of free slots 
for a transmission to its downstream neighbor. 
The algorithm looks for non-conflicting slots only 
on three adjacent links. Therefore, QoS-AODV 
aims for the local rather than the global maximum 
bandwidth. After the local maximum bandwidth 


is found, the calculation is propagated along the 
path to the destination node. 

Route Discovery 

Network bandwidth is calculated in conjunction 
with route discovery, i.e., to find a QoS path a 
source node floods a route request (RREQ) packet 
and, simultaneously, bandwidth is calculated on a 
hop-by-hop basis. If the requested bandwidth is 
not available at any intermediate node, RREQ is 
dropped. Otherwise, upon receiving the request, 
a destination node sends a route reply (RREP) 
packet to the source node and reserves necessary 
transmission slots. Additionally, if the destination 
node receives multiple RREQs, the first request 
satisfying the bandwidth requirement is accepted 
and the others are ignored. This is done in order 
to reduce the delay of the route discovery pro¬ 
cedure. 

Bandwidth Reservation 

QoS-AODV proposes to use soft-sate bandwidth 
reservations for QoS paths. If a particular path is 
not used for some time, its entry is dropped from 
the routing tables. The authors define several states 
of a QoS route, e.g., indicating that the route is 
established or broken. Transitions between states 
are triggered by receiving or transmitting a packet 
or by the expiration of a timer associated with a 
particular state. In addition, QoS-AODV uses two 
timers, Route setup time and Route life time. The 
former is used during route discovery and route 
repair. It is equal to the round-trip time from the 
source to the destination node. The second timer 
is used as a maximum interval for data arrival. It 
helps detect broken paths. 

PLBQR 

Predictive Location-Based QoS Routing (PLBQR) 
(Shah & Nahrstedt, 2002) consists of an update 
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Figure 10. Location prediction using last two updates (Adapted from (Shah & Nahrstedt, 2002)) 
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protocol, a location-delay prediction scheme and 
a QoS routing protocol. 

Update Protocol 

Distribution of geographical location (obtained 
through GPS) and resource information is done 
by the update protocol. PLBQR considers two 
types of updates: a Type 1 update (generated 
periodically by each node) and a Type 2 update 
(generated when there is a considerable change 
in a node’s speed or direction). All update packets 
contain timestamps, current geometric coordi¬ 
nates, movement direction, velocity, resource 
information (for QoS routing) and a single-bit 
motion stability parameter. This parameter in¬ 
forms the QoS routing protocol about the type of 
an update, i.e., it helps assign dynamic nodes as 
intermediate nodes only for connections without 
strict delay or jitter constraints. 


Location-Delay Prediction Scheme 

Before any source node can establish a connection 
to a particular destination node, it has to predict 
the geographical location of all intermediate nodes 
and the destination node at time t when a packet 
from the source node will reach them. Additionally, 
the propagation delay must be known in order to 
estimate t. Location predictions are performed 
based on updates received from other nodes. 

An exemplary location prediction is presented 
in Figure 10. In the figure, (xpy) at and (x 2 ; y) 
at t 2 , where t 2 > t p are the latest two updates from 
a destination node received by the source node 
and v is the velocity of the destination node. The 
value of t is set to a sum of the current time and 
the time to reach the destination node from the 
correspondent node. Using simple calculations 
(based on triangle similarity and the Pythagoras 
theorem), the location (xy y p ) of the destination 
node at time t can be predicted. 

The destination node uses the same calculations 
to judge if there is a considerable change in its 
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location and decide if a Type 2 update message 
mustbe sent to its neighbors. Additionally, PLBQR 
assumes that the end-to-end delay of a data packet 
trans mi ssion from the source to the destination 
node will be the same as the delay experienced 
by the latest update from the destination to the 
source node. 

QoS Routing Protocol 

Based on the information received if om the update 
messages, each node has up-to-date information 
about the whole network. On this basis it can 
compute a route to any destination. Each node 
maintains two tables. The update table contains 
information learnt from the update messages 
and, for each node, a proximity list with a list of 
nodes lying within a distance of one and a half 
transmission range. The route table contains in¬ 
formation about active connections set up by the 
source node. Thanks to the proximity list a given 
source node, during its QoS routing process, may 
take into account nodes which moved into the 
transmission ranges of other nodes as possible 
intermediate nodes. 

When an update message is received at the 
source node, it checks if any of the known routes 
is damaged or is about to be broken by either node 
movements or by being unable to satisfy the QoS 
requirements of a connection. In both situations a 
route re-computation must be initiated. Because 
such information as remaining battery power, 
trans mi ssion range, and CPU utilization are ex¬ 
changed in the update packets, the re-computation 
of a route may begin before it is really broken. 

The routing algorithm itself works as follows. 
At first the source node runs the location and 
delay predictions for each node in its proxim¬ 
ity list. On this basis it determines which nodes 
have enough resources available to satisfy the 
QoS requirements of a request. Then, it finds all 
possible routes towards the destination node by 
simultaneously performing route discovery and 
ad mi ssion control on a hop-by-hop basis. If more 


than one route satisfies the QoS requirements, the 
geographically shortest one is selected for data 
transmission. 

QoS-OLSR 

Ying, Kunz, and Lamont (2003) propose several 
algorithms which allow OLSR (Optimized Link 
State Routing) to support QoS routing by select¬ 
ing the highest-bandwidth paths between any two 
nodes. Their basic ideas are based on changing 
the way of selecting multipoint relays, depending 
on the bandwidth QoS constraints. Additionally, 
instead of using the shortest path algorithm, the 
maximum bandwidth spanning tree method is 
used. To achieve this goal, the bandwidth of each 
link is considered as its weight and all nodes 
compute trees in which the total weight of links 
are maximal among all possible trees. 

AQOR 

Ad Hoc QoS On-demand Routing (AQOR) (Xue 
& Ganz, 2003) is a reservation-based routing and 
signaling scheme. It provides end-to-end QoS 
support and ad mi ssion control. Additionally it 
supports two QoS maintenance mechanisms: 
temporary reservation and destination-initiated 
recovery. 

Neighborhood Maintenance 

AQOR is based on the exchange of neighbor¬ 
hood information consisting of local topology, 
traffic and mobility information. This is crucial 
for traffic measurement, QoS violation detection 
and route recovery. Therefore, each node within 
a network periodically sends Hello packets with 
information about its traffic. Other nodes, upon 
receiving these packets, maintain lists of their 
neighbors with their corresponding traffic. If the 
Hello packets from a particular neighbor are not 
received during a predefined period, the connec¬ 
tion to this neighbor is broken. 
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Route Discovery 

Route discovery is done on-demand with the use 
of route request (RREQ) and route reply (RREP) 
packets exchanged between the source and the 
destination nodes. If the destination node is not 
within the neighborhood of the source node it 
broadcasts a RREQ packet. RREQ contains 
information about the minimum requested band¬ 
width and the maximum end-to-end delay. Every 
intermediate node does admission control on a 
hop-by-hop basis. If multiple routes are found 
during the exploration process the source node 
chooses the best path for its data trans mi ssion. 
Additionally, in order to avoid routing loops, all 
control packets are sequenced. 

Admission Control and 
Temporary Reservation 

During its operation AQOR takes two QoS con¬ 
straints into account, namely bandwidth and end- 
to-end delay. In order to determine the available 
bandwidth the total traffic load is calculated for 
each node. The end-to-end delay is measured as 
the round-trip delay. After the route discovery 
phase is completed the path with the lowest end- 
to-end delay is selected for data transmission. If 
the source node, however, does not receive any 
answer to its RREQ during a predefined time in¬ 
terval it has to either backoff and initiate the route 
re-discovery procedure or resign from sending 
its flow. Finally, if the path is found, intermedi¬ 
ate nodes make temporary reservations for the 
source node’s data flow in order to guarantee the 
availability of the resources. 

Route Maintenance 

Route maintenance in AQOR includes the de¬ 
tection of the following end-to-end QoS viola¬ 
tions: 


• Channel deterioration/congestion. 

Detection is possible through one-way de¬ 
lay measurements. If the destination node 
receives a number of consecutive data 
packets with delay exceeding the maxi¬ 
mum delay requirement, it triggers the 
QoS route recovery procedure. 

• Route breaks. For best effort traffic de¬ 
tection is possible thanks to Hello mes¬ 
sages. When a route break is detected, the 
source node is notified with an error mes¬ 
sage. Upon receiving the notification the 
source node can start the rerouting pro¬ 
cess. This approach is not appropriate for 
real-time traffic because of large delays. 
Additionally, in AQOR the bandwidth res¬ 
ervation timeout at the destination node is 
utilized. After the timeout is exceeded the 
source node starts the QoS route recovery 
procedure again. 

In both cases, the destination node initiates 
the QoS route recovery procedure by sending an 
update message, which is treated in the same man¬ 
ner as a typical RREQ. When the message reaches 
the source node it can either immediately switch 
its flow to the new route or suspend it. 

ADQR 

Adaptive Dispersity QoS Routing (ADQR) 
(Youngki & Varshney, 2003) is a source initiated 
on-demand routing protocol. Ituses signal strength 
information to predict link breaks and initiate 
fast data rerouting. ADQR assumes that lower 
layers provide information about the estimated 
bandwidth. 

Sets and Classes 

ADQR defines three signal strength levels: Th v 
Th 2 , and S R (Figure 11), where S R is the minimum 
signal strength required to successfully receive a 
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Figure 11. ADQR thresholds (Adapted from (Youngki & Varshney, 2003)) 

NodeB 



data packet from a neighbor and R is the transmis¬ 
sion range to this neighbor. 

Furthermore, ADQR defines three sets: node, 
link and route. Each set is divided into three classes. 
If for a given node the received signal strength 
from its neighbor is higher than Th { , the node 
belongs to the first node class of this neighbor. 
Correspondingly, all connections between first 
node class nodes are in the first link class. If the 
received signal strength from a neighbor is between 
Th l and Th v the node belongs to the second node 
class of the neighbor. The connections between 
these nodes are in the second link class. Finally, if 
the received signal strength is between Th 2 and S R , 
the node is in the third node class of the neighbor 
and the connections between such nodes are in the 
third link class. The route classes are determined 
by their weakest links. 

Neighbor and Routing Table 

In ADQR each node keeps two tables. The neigh¬ 
bor table contains an updated list of the node’s 
neighbors and their corresponding received signal 
strength and the minimum signal strength S R . 


The routing table contains a list of all possible 
routes to destination nodes. Each entry includes 
information about the available and reserved 
bandwidth along the path and the list of links in 
the l ink classes. 

Route Discovery 

Route discovery begins when a source node 
broadcasts a Route Request packet to its neigh¬ 
bors in order to find multiple disjoint paths to a 
destinationnode. Route Requestis then appended 
with the addresses of all intermediate nodes. In 
addition, it is updated with available bandwidth 
information. Upon receiving this message, the 
destination node updates its routing table. The 
destination node replies with a RouteReply 
packet. All intermediate nodes check Route Reply 
and update their routing tables. If the source node 
receives multiple routes it selects the one with the 
best signal strength of the links (i.e., with the best 
route class). Finally, when an appropriate route 
is selected, a QoS Reserve packet is sent along 
this path (from the source to the destination node) 
in order to reserve the required bandwidth. Ad- 
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ditional QoS ACK packets, sent to the neighbor 
from which the QoS Reserve packet was received, 
guarantee correct reservation. 

Route Maintenance 

In AQDR route maintenance is based on the mea¬ 
surement of the received signal strength. When the 
received signal becomes too weak, Route Update 
packets are generated for inactive paths. They are 
sent to the source node by nodes which detected 
the problem in order to update the link class 
information. For active paths AQDR proposes a 
fast route maintenance scheme called two-phase 
monitored rerouting. When the signal strength 
of a particular li nk on the active route becomes 
lower than Th f the Pre Routing phase is started. 
If the signal strength does not stop to deteriorate 
(i.e., it drops below Th 2 ) the Rerouting phase is 
started. The Pre Routing phase is introduced to 
prepare rerouting. It is invoked in order to find 
an alternative route before the currently used 
route becomes unavailable. In addition to these 
procedures, the source node caches all possible 
routes to the destination node and, therefore, 
alternative routes are practically always known. 
Furthermore, when a particular link breaks, a 
Route Error packet is sent to the source node, 
which triggers all intermediate nodes to release 
the reserved bandwidth. Each intermediate node 
replies with a Route Ack packet to its previous 
neighbor and forwards the packet to the next 
neighbor. Additionally, when a node reserves 
network resources for its currently active paths 
it sends a QoS Update packet to the source node 
of each non-active path to which it belongs. This 
helps intermediate nodes and the source node to 
keep up-to-date network resource information in 
their routing tables. 

QS-AODV 

QS-AODV (Yihai & Gulliver, 2005) is a QoS rout¬ 
ing protocol based on AODV which creates routes 


according to the QoS requirements of an applica¬ 
tion. In order to improve the packet delivery ratio 
QS-AODV employs a local repair mechanism. Its 
performance is comparable to AODV under light 
traffic conditions and considerably better (in terms 
of packet delivery ratio and signaling overhead) 
under heavy traffic conditions. On the other hand, 
under heavy network load, QS-AODV has longer 
end-to-end delays than AODV. 

QS-AODV adds additional QoS information 
into route request (RREQ), route reply (RREP) 
and route error (RERR) packets of AODV in order 
to create and discover routes. Information about 
application bandwidth requirements and session 
ID are added. 

Route Discovery 

To begin route discovery, a source node sends 
a RREQ packet with the QoS extension to its 
neighbors which perform admission control based 
on available bandwidth. When a destination node 
receives the request, after updating its routing table 
and reserving the required bandwidth, it can send 
a RREP packet to the source node. However, if 
the destination node has already received a si mi lar 
RREQ packet, the request is buffered in case of a 
route reply failure. Each intermediate node, upon 
receiving the RREP packet, checks if it still has the 
required bandwidth. If the admission control fails, 
a RERR packet is sent to the downstream node, 
otherwise, the RREP packet is forwarded to the 
upstream node. Upon receiving RERR, each node 
invalidates the route entry associated with the ses¬ 
sion ID carried in this RERR, releases the reserved 
bandwidth and forwards the RERR packet to its 
next hop neighbor. Finally, when the RERR packet 
reaches the destination node, it can use another 
available route to send a new RREP packet. 

Route Maintenance 

To provide fast rebuilding of routes, QS-AODV 
introduces the idea of local repair requests. Each 
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repair request packet includes the session ID and 
the required amount of bandwidth of the consid¬ 
ered flow and has its TTL (Time To Live) value 
set to 3 in order to limit the broadcast area. Upon 
detecting a link failure to the next hop neighbor, a 
repair request packet is sent to a node located after 
this neighbor. This is possible because QS-AODV 
assumes that routes to nodes which are two hops 
away are stored in the routing table of each node. If 
the local repair request expires, an error procedure 
is invoked. 

QoS-aware AODV 

QoS-aware AODV (also known as Bandwidth 
Estimation QoS-aware Routing, BEQR) (Lei 
& Heinzelman, 2005) is a QoS routing protocol 
based on the traditional AODV routing scheme, 
which utilizes a cross-layer design. It can either 
provide feedback about the available bandwidth 
to the application (feedback scheme) or admit a 
flow with the requested bandwidth (admission 
scheme). The former is suitable for applications 
which can adjust their coding rate on the basis 
of the received feedback. The latter is suitable 
for applications which have a predefined mini¬ 
mal required bandwidth. Both schemes require 
knowledge ofthe available end-to-end bandwidth 
along the path from a source to a destination node. 
Bandwidth estimation is therefore a key concern 
of this protocol. 

Bandwidth Estimation 

The goal of bandwidth estimation is to find the 
minimal available bandwidth along the path. Two 
methods of bandwidth estimation are possible: 

• “Listen” bandwidth estimation. Each 
node estimates the residual bandwidth by 
listening to the channel using physical and 
virtual carrier sense. This method is inaccu¬ 
rate when a route is broken because nodes 


do not know how much bandwidth is con¬ 
sumed by other nodes in the broken path 
and, therefore, do not know the amount of 
bandwidth released. 

• “Hello” bandwidth estimation. 

Information about the sender’s current 
bandwidth usage and its one-hop neigh¬ 
bors’ current bandwidth usage is piggy¬ 
backed onto a modified Hello message. 
The residual bandwidth is based on the 
information from nodes within two-hops 
because, typically, the interference range is 
twice the transmission range. 

Route Discovery 

QoS-aware route discovery is initiated when the 
source node sends a route request (RREQ) packet. 
After an intermediate node receives this packet, 
it performs admission control based on available 
bandwidth. For the adaptive scheme, the inter¬ 
mediate node compares its residual bandwidth 
with the minimum bandwidth specified by the 
RREQ packet. The packet is forwarded if the 
residual bandwidth is greater than the minimum 
bandwidth. Otherwise, the RREQ is updated with 
the residual bandwidth. Later, after receiving 
the RREQ packet, the destination node does the 
same checking procedure. After the procedure is 
completed an additional checking procedure is 
invoked in which the upper bound of the mini¬ 
mum available bandwidth is re-estimated. In the 
end, the destination node sends the route reply 
(RREP) packet with an updated minimum band¬ 
width value to the source node. Upon receiving 
RREP, all intermediate nodes enable the path and 
update their routing tables with the new value of 
the mi nimum available bandwidth. 

Route Maintenance 

AODV detects a broken path by monitoring Hello 
packets. If a node stops receiving Hello packets 
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from its neighbor, it sends an error message to 
its upstream neighbors. Upon receiving the error 
message, only the source node re in itiates a routing 
discoveryprocedure. This scheme works correctly 
for the Listen bandwidth estimation method. 
However, it has to be modified for the Hello 
bandwidth estimation method. In this scheme 
the neighboring nodes’ caches are not updated 
in a timely fashion and, therefore, there is a high 
probability that the bandwidth used by the broken 
path will not be released before a new RREQ will 
arrive. As aremedy, QoS-awareAODV introduces 
Immediate Hello messages which have the same 
function as the modified Hello packets but they 
are sent immediately after detecting each broken 
li nk to allow faster cache updates. 

QMRPCAH 

Layuan and Chunlin (2007) propose a QoS 
multicast routing protocol for clustering mobile 
ad-hoc networks (QMRPCAH). The protocol 
establishes paths based on QoS constraints in a 
scalable way and reduces the signaling overhead. 
In QMRPC AH each node maintains local multicast 
routing information and/or summary information 
of other clusters. Additionally, the protocol sup¬ 
ports mobility of nodes, i.e., each node being a 
member of a multicast group can join and leave 
it dynamically. Finally, the protocol supports 
several QoS metrics although mainly delay and 
bandwidth are considered. The protocol does not 
provide hard QoS guarantees. 

Clustering 

Figure 12 shows an exemplary clustering of an 
ad-hoc network. All nodes within the network 
are divided into clusters (domains) of different 
levels. A lst-level cluster consists of nodes with 
similar mobility characteristics. When several 
1 st-level clusters are combined a 2nd-level cluster 
is created etc. Clusters of different levels do not 
overlap with each other. Nodes within the 1 st-level 


clusters are called local nodes. Nodes lying within 
the transmission range of one or more clusters are 
called bridge nodes. Each cluster contains also a 
single cluster head. The cluster head is a coor¬ 
dinator which decides on channel assignments, 
performs power control, maintains time division 
frame synchronization, and deals with the spatial 
reuse of bandwidth. 

Mobility Support 

QMRPCAH assumes that each local node peri¬ 
odically measures the delay of its outgoing links 
and broadcasts the gathered information to all 
nodes within its cluster in the form of update 
messages. Upon receiving an update message 
the local nodes update their intra-cluster routing 
information. Similarly, each bridge node performs 
the same procedure and periodically sends update 
messages to other bridge nodes. On this basis 
the inter-cluster information becomes updated. 
Additionally, in order to handle mobility, each 
node joining a new cluster must subscribe to its 
multicast tree to become a local multicast node 
of the new domain. 

QMRPCAH uses a receiver-initiated flooding 
algorithm. The algorithm assures that for all join¬ 
ing nodes only the paths which satisfy bandwidth 
requirements will be included in the multicast tree. 
Additionally, QMRPCAH can guarantee that all 
messages which have a larger path delay will ar¬ 
rive after the messages which have a smaller path 
delay. Flooding messages are forwarded only if 
all QoS constraints are met. 

TORA-SHORT 

Asokan, Natarajan, and Venkatesh (2008) integrate 
TORA with SHORT (Self-Healing and Optimized 
Routing Techniques) in order to improve QoS 
routing. This is done by monitoring routing paths 
and, if a shortcut route is available, redirecting the 
path. The performance of TORA-SHORT is based 
on the exchange of query and update packets. The 
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Figure 12. Exemplary clustering of an ad-hoc network 
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query packets are generated by source nodes in 
order to begin the route discovery process. The 
update packets are generated by destination nodes 
in order to terminate the query packets and by in¬ 
termediate nodes to inform about route breaks. 

Two classes of SHORT are proposed: path 
aware (PA)-SHORT and energy aware (EA)- 
SHORT. The former optimizes hop count, whereas, 
the latter conserves power. By incorporating 
(PA)-SHORT and (EA)-SHORT in TORA, QoS 
routing can be optimizedby means of path lengths 
and the residual energy level of nodes. It assures 
that both the shortest paths and the nodes with 
sufficient available power are chosen during 
the route selection process. In order to meet this 
goal, TORA-SHORT makes use of two tables: 
the hop comparison table and the overhear table. 
Additionally, it is defined that each new entry 
has three obligatory fields, i.e., hop counter, 
residual energy level of a transmitting node, and 
the sender’s address. 


CROSS LAYER QOS 
ARCHITECTURES 

Providing QoS in mobile ad-hoc networks is a 
challenging task because of the many factors in¬ 


volved. The previous parts have shown solutions 
to problems apparent at separate layers of the OSI/ 
ISO model. However, these solutions usually aim 
to solve only a single problem. In order to provide 
end-to-end QoS in multi-hop ad-hoc networks a 
cross-layer approach is needed. Such a framework 
needs to integrate the singular solutions into a 
complete approach for QoS provisioning. The 
advantage of using this cooperative approach is 
being able to share relevant information between 
layers and provide feedback between components 
of the architecture. This leads to a more responsive, 
scalable, and flexible system and adaptability is 
required because MANETs are dynamic environ¬ 
ments. There is one disadvantage of using a cross¬ 
layer approach. Namely, unintended interactions 
between components can occur (e.g., in the form 
of feedback loops) which makes locating problems 
troublesome. 

The cross-layer approach offers a wide range 
of design possibilities. However, most of the so¬ 
lutions that are presented in this part have been 
influenced by each other and there are many 
si mi larities among them. Especially the first two 
approaches, INSIGNIA and SWAN, have been 
very influential. Table 1 presents the important 
building blocks of a cross-layer architecture. 
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Table 1 Building blocks of a cross-layer architecture 


ISO/OSI Layer 

Building blocks 

PHY 

channel monitoring (rate, SNR, BER), dynamic rate control 

MAC 

bandwidth estimation, priority queuing, traffic differentiation 

Network 

QoS routing, QoS signaling (resource reservation), traffic classification, traffic shaping, admission 
control 


Most of them are present in all the mentioned 
solutions. 

FQMM 

Flexible Quality of service Model for Mobile 
ad-hoc networks (FQMM) (Xiao et al., 2000) is a 
QoS model developed for MANETs. It represents 
an interesting and unique approach to the problem 
of QoS provisioning. It is not associated with 
QoS negotiation procedures, however, it can be 
adopted to enhance existing solutions. 

FQMM is a hybrid solution combining per-flow 
and per-class service provisioning. Therefore, it 
can be treated as a combination of the IntServ 
and DiffiServ models. High priority traffic (which 
is a small percentage of overall traffic) is given 
per-flow provisioning. Traffic of other priorities 
is given per-class provisioning. FQMM defines 
three types of nodes (based on DiffServ): ingress, 
interior, and egress. The sender is an ingress node 
while the destination is an egress node. Ingress 
nodes perform classification, marking, policing 
and shaping. Interior nodes forward traffic of 
others and perform traffic shaping according to 
traffic profiles. The goal of the traffic profiles is to 
keep consistent differentiation between sessions. 
A profile is defined as the relative percentage of 
the effective link capacity, in order to keep the 
differentiation between classes predictable and 
consistent under different network dynamics. 

INSIGNIA 

INSIGNIA (Lee et al., 2000) is a QoS framework 
which operates mostly at the IP layer. Its main 


design consideration is the support of adaptive 
multimedia services. INSIGNIA aims to provide 
base QoS or enhanced QoS depending on avail¬ 
able resources. It is based on in-band signaling 
and soft-state reservations. Its features include 
resource reservation, restoration control, and ses¬ 
sion adaptation between communicating nodes. 
Figure 13 presents an overview of the INSIGNIA 
architecture. 

Admission control in INSIGNIA allocates 
bandwidth to flows based on information provided 
by the service (i.e., minimum and maximum 
bandwidth). This allows providing either base 
or enhanced QoS, respectively. The decision 
of admitting a flow to the network is based on 
the requested bandwidth, the measured channel 
capacity and current channel utilization. This en¬ 
sures that new reservation requests do not impact 
existing reservations. Admission control is done 
on a hop-by-hop basis. Each intermediate node, 
upon receiving a reservation packet, accepts or 
denies the request. After a positive decision, the 
node maintains per-flow soft-state reservations 
and subsequent packets are scheduled accord¬ 
ingly. Reservations are maintained for the dura¬ 
tion of the packet flow. If packets do not arrive 
before a certain timeout, the reserved resources 
are released. Packets of denied reservations are 
treated as best-effort. After receiving areservation 
packet, the destination node sends a QoS report 
to the source to complete the reservation phase. 
Such reports are also sent at time intervals (speci¬ 
fied by applications) and whenever requested. 
Furthermore, packets are scheduled to be sent 
to the network using a weighted round-robin 
scheduling discipline. 
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Figure 13. The INSIGNIA architecture (Adapted from (Lee et al., 2000)) 



INSIGNIA uses in-band signaling for estab¬ 
lishing, adapting, restoring, and tearing down 
end-to-end QoS sessions. The IP option field of 
the IP packet header is used to deliver the signal¬ 
ing protocol commands. Packets are sent either 
in reservation mode or as best-effort. 

INSIGNIA aims to be very flexible to varying 
network conditions. Whenever the available band¬ 
width changes adaptation algorithms are invoked. 
Flowrestoration algorithms are used to respond to 
dynamic route changes. Once the routing protocol 
updates the routing table, admission control and 
resource reservation is performed on the new 
paths. Flows may have immediate restoration, or 
partial/permanent degradation of QoS depending 
on available resources. 

In this QoS framework neither the routing 
nor the MAC protocol are defined. However, 
INSIGNIA can be used with already existing 
protocols. There exists a combination of INSIG¬ 
NIA and TORA known as INORA (Dharmaraju 
& Roy-Chowdhury, 2002). The TORA routing 
protocol provides multiple paths (between sender 
and destination) to the signaling protocol, and 
the latter checks if they meet the necessary QoS 
requirements. 


SWAN 

SWAN (Stateless Wireless Ad-hoc Networks) 
(Ahn et al., 2002) is a distributed, cross-layer QoS 
framework for MANETs. It provides service dif¬ 
ferentiation, QoS negotiation, ad mi ssion control, 
and dynamic regulation in case of congestion. 
Two traffic classes are considered: real-time and 
best-effort traffic. Figure 14 presents an overview 
of the SWAN architecture. 

The SWAN model consists of a number of 
mechanisms present in every node. The classi¬ 
fier differentiates traffic between the two classes 
and marks packets accordingly. Differentiation is 
achieved because real-time packets go directly to 
the MAC layer, while best-effort packets are sent 
to the shaper. The shaper is a leaky bucket which 
delays packets accordingly to the rate calculated 
by the rate controller. The operation of the rate 
controller is based on delay measurements in the 
MAC layer. 

SWAN is stateless because intermediate nodes 
do not keep any per-flow or aggregate state infor¬ 
mation. It is only the source node which performs 
admission control and, therefore, efficient estima¬ 
tion of bandwidth availability is required. This 
is provided by the admission controller which 
sends request/response probes to the destination 
to determine the bottleneck bandwidth along the 
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Figure 14. The SWAN architecture (Adapted from (Ahn et al., 2002)) 



path. Based on the received information an admis¬ 
sion decision is made. If a session is admitted, its 
packets are marked by the classifier as real-time 
packets; otherwise they are treated as best-effort 
packets. 

Dynamic regulation of real-time sessions is 
needed when congestion conditions occur. This 
can be caused by node mobility and dynamic re¬ 
routing. When a mobile node detects a violation 
of the real-time traffic utilization limits it begins 
marking ECN (Explicit Congestion Notification) 
bits in the IP header of real-time packets. As a 
result, the destination node, which monitors in¬ 
coming packets, can send a regulate message to 
inform the source node about the congestion. The 
source node should then re-establish the real-time 
session by sending a new probing request to the 
destination. The result of this re-establishment is 
either achieving the previous QoS or the session 
being dropped. Bandwidth adaptation of real-time 
sessions is not considered. 


2LQoS 

2LQoS (Two-Layered Quality of Service) (Ni- 
kaen et al., 2002) is a cross-layer QoS routing 
scheme with traffic differentiation and shaping. 
The network and application layers cooperate 
to determine the most suitable path through the 
network. Metrics from both layers are used. Path 
discovery is based on network layer metrics, such 
as: hop count, power level, buffer level, and sta¬ 
bility level. The first metric is related to resource 
consumption, the second and third to load balanc¬ 
ing, while the final one is a measure of mobility. 
Path selection is done according to application 
layer metrics: delay, throughput and cost (which 
is a function of power and buffer level of a node). 
Traffic is categorized into three classes. The first 
provides low delay (for voice applications), the 
second-high throughput (forvideo applications) 
and the last one has no constraints (best effort). 
Traffic can be shaped to meet QoS conditions in 
the network. This scheme does not perform any re¬ 
source reservation. Service differentiation is done 
at each ad-hoc node through scheduling. Packets 
from each class are assigned to their appropriate 
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queues, with each queue having a different, user 
defined weight. Packet classification is done at 
the source node. 

DS-SWAN 

DS-SWAN (Differentiated Services-Stateless 
Wireless Ad Hoc Networks) (Domingo & Re- 
mondo, 2004) provides end-to-end QoS in ad- 
hoc networks which are connected to a fixed 
IP network. DS-SWAN utilizes SWAN in the 
ad-hoc network and DiffServ in the infrastructure 
network. Additionally, it allows both these mecha¬ 
nisms to cooperate. The parameters of SWAN 
change dynamically according to the conditions 
in both the ad-hoc network and the infrastructure 
network. When packet delays exceed a given 
threshold special messages (QoS Lost ) are sent. 
These messages cause more aggressive shaping 
of best effort traffic. The authors also propose a 
new routing protocol, SD-AODV (Service Dif¬ 
ferentiation AODV). It is aware of the QoS Lost 
messages and is able to re-route new flows away 
from congested zones. 

The DAIDALOS Approach 

Another QoS architecture was developed within 
the DAIDALOS I research project (Crisostomo 
et al., 2005). It was further developed in the 
DAIDALOS II project (Natkaniec, Gozdecki, & 
Sargento, 2007). The goal of this architecture is 
the integration of ad-hoc networks with infrastruc¬ 
ture networks, a very useful scenario in hotspot 
environments. It supports the following set of 
features. It is a cross-layer solution providing 
stateless QoS to MANETs integrated with infra¬ 
structure. The architecture supports MAC layer 
traffic differentiation in the four IEEE 802.11 
EDCA access categories. The implemented end- 
to-end signaling is not only simple but also allows 
resource reservations to originate from either 
the ad-hoc or the infrastructure part. The ad-hoc 
signaling mechanism is integrated with the Next 


Steps in Signaling (NSIS) protocol suite (Hancock 
et al., 2005) in the infrastructure network. NSIS 
provides flexibility in end-to-end signaling, sup¬ 
porting different resource management models 
and bidirectional reservations. Additionally, the 
architecture provides MAC layer measurements, 
traffic shaping, dynamic regulation, and admis¬ 
sion control. Finally, it features the first real-life 
implementation of EDCAin a MANET (Natkaniec 
et al., 2009). 

The ad-hoc part of the proposed QoS archi¬ 
tecture consists of two main logical units, the 
mobile node (MN) and the gateway (GW) (Figure 
15). MN has a double role acting both as a user 
ter mi nal which provides QoS support to the end 
user, and as a router which forwards the traffic of 
neighboring nodes. The physical interconnection 
between the MANET and the infrastructure planes 
occurs in GW. The GW provides connectivity with 
infrastructure, participates in admission control 
and dynamic regulation. It is also responsible 
for the interaction of QoS signaling. Separate 
models exist for MN and for GW. End-to-end 
QoS resource management is supported through 
the interoperation between the MN and the GW 
(Figure 15). More specifically, this occurs through 
the interaction between the QoS Client (QoSC) 
in the MN and QoS Manager (QoSM) in the GW. 
QoSC retrieves the necessary QoS parameters 
from applications (through an API) and maps them 
to network QoS parameters. QoSC also performs 
per-flow end-to-end QoS signaling, controls the 
Classification and Marking module (which marks 
the Traffic Class and Flow Label fields in IPv6 
headers), notifies the applications of the state of 
network interfaces, and synchronizes network 
resource reservation. QoSM provides the same 
functionalities as QoSC but without the interface 
to the application layer. 

The other modules have the following func¬ 
tionalities. The Ad-hoc QoS Controller (AHQoSC) 
coordinates the work ofthe other modules, collects 
information about available resources in the wire¬ 
less medium, and performs ad mi ssion control in 
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Figure 15. The DAIDALOS model for the mobile node (a) and gateway (b) (Adapted from (Natkaniec, 
Gozdecki, & Sargento, 2007)) 



the ad-hoc path. It is also responsible for traffic 
control, reaction to congestion, and participating 
inresourcemanagement. The MAC Measurements 
Module (MMM) provides AHQo SC with informa- 
tionregarding bandwidth utilization, transmission 
delay, current transmission rate, frame statistics 
and idle intervals. The Ad-hoc QoS Signaling 
(AHQoSSig) module is responsible for QoS nego¬ 
tiations, probing for available bandwidth (like in 
SWAN), and session setup between infrastructure 
and ad-hoc. Traffic differentiation is performed by 
the IEEE 802.11 EDCA function and the Traffic 
Controller (TC) module, which is used to shape 
lower-priority flows. The architecture is aware 
of overload situations through the Congestion 
Notification (CN) signaling mechanism, which 
is implemented in three modules: CN Marking 
(CNM), CN Detection (CND), and Receiver CN 
Detection (RCND). 

The GW is able to support the same func¬ 
tionalities as the MN, but does not interact with 
applications (since it works only at the IP layer 
and below) (Figure 15b). Additionally, it collects, 
generates and processes QoS signaling messages 


in the ad-hoc and infrastructure part. It is also 
responsible for the enforcement of QoS in the 
infrastructure network. 

HQMM 

HQMM (Hybrid QoS Model for Mobile Ad-hoc 
Networks) (He & Abdel Wahab, 2006) combines 
the IntServ and DiffServ models for ad-hoc net¬ 
works. In this approach, per-flow provisioning 
(based on INSIGNIA) is given to traffic of the 
highest priority. Other priorities receive per-class 
provisioning (based on DiffServ). Differentiation 
is done based on bandwidth. HQMM defines three 
types of nodes (as DiffServ): ingress, interior and 
egress. Since each node can perform any of these 
functions, even simultaneously, they all have the 
same architecture (Figure 16). Traffic is DSCP 
marked in the conditioner, according to a pre- 
established agreement (which is out of scope of 
HQMM). The choice of routing protocol is also 
beyond the scope of this scheme. The signaling 
module provides the capabilities of IN SIGNIAsig- 
naling. The link management module monitors the 
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Figure 16. The HQMM architecture (Adapted from (He & Abdel Wahab, 2006)) 



wireless channel and reports current and average 
bandwidth availability. Service differentiation is 
achieved through scheduling, queue management 
algorithms, and packet classification. In particular, 
INSIGNIA reservation packets are treated with 
the highest priority, while other packets are put 
into DiffServ classes. 

FQM 

FQM (Framework for QoS Multicast) (Saghir, 
Wan, & Budiarto, 2006) aims to support QoS for 
multicast applications inMANETs. Multiplepaths 
meeting QoS requirements are found through a 
new on-demand routing protocol. FQM imple¬ 
ments features from both the IntServ and the 
DiffServ models. For every accepted QoS route 
request, IntServ is used. Data packets from other 
sources are given DifFS erv. Bandwidth is therefore 
divided between fixed-bandwidth for flows that 
have been admitted, and shared-bandwidth for 
other data. Depending on resource availability, 


either redundant or single paths are used. Route 
requests are intelligently flooded through the net¬ 
work. Cross-layer bandwidth estimation is used for 
admission control. This estimation is performed 
at each node by passively listening to the cha nn el. 
The route request reaches the destination if there 
is enough bandwidth on the path. In such a case, 
a route reply message originates at the destination 
and traverses intermediate nodes on the path. This 
constructs the multicast tree. Service differentia¬ 
tion in FQM is achieved with the use of a classifier, 
shaper, dynamic rate control, and priority queues. 
Packets are mapped into two traffic classes: real¬ 
time and best effort. The mapping is based on 
the Type of Service (ToS) field in the IP header. 
Shaping is applied only to best effort traffic. The 
rate of best effort traffic is changed dynamically 
with an additive increase multiplicative decrease 
algorithm and, additionally, a drop tail algorithm 
is used in the queues. 
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CLQM 

Sarma and Nandi (2008) propose a Cross-layer 
QoS Mapping (CLQM) framework for MANETs. 
It works on three layers: application, network and 
data link. Four service classes are considered. At 
the application layer the QoS classes are charac¬ 
terized by maximum end-to-end delay, minimum 
throughput or as best-effort. These metrics are 
mapped to network layer metrics which are in 
turn mapped to data link layer metrics. The QoS 
metrics at the network layer are path bandwidth, 
path delay, path stability and hop count. The data 
li nk layer metrics are MAC delay, li nk bandwidth 
and link stability. They are used in the process of 
ad mi ssion control. 

Admission control is performed during route 
discovery, based on available throughput. Modi¬ 
fied AODV packets (RREQ and RREP) carry 
network layer QoS metrics. RREQ packets are 
dropped if their QoS requirements are not met. 
Network monitoring is periodically done at both 
the data link and network layers. At the data link 
layer, in order to adapt to network conditions, 
the framework dynamically adjusts the values of 
CW min and CW m for each class with the use of 
the CW adaptor module. Bandwidth estimation 
is performed at each node by measuring network 
utilization, i. e., the fraction of the time the channel 
is busy to the total measured time. MAC delay is 
calculated as the time from when a packet arrives 
at the MAC layer to the time an acknowledgement 
is received. An exponentially weighted moving 
average is used to estimate the average delay. At 
the network layer, the RSQR (Route Stability based 
QoS Routing) protocol is used to choose the best 
path for each class. Service differentiation among 
the QoS classes is achieved by a class-based sched¬ 
uler. Congestions in the network detected using 
the ECN mechanism. They are resolved through 
flow rerouting or termination. The architecture 
of CLQM is presented in Figure 17. 


Summary 

In this part we have presentedmultiple cross-layer 
solutions to the problem of QoS provisioning in 
ad-hoc networks. Even though the problem is 
complex, most solutions are based on a mixture 
of similar features, such as bandwidth estimation, 
traffic differentiation, QoS routing, resource res¬ 
ervation, traffic shaping and admission control. 
Table 2 gives a comparison of the presented solu¬ 
tions and the features they support. 

FUTURE RESEARCH DIRECTIONS 

Even though there are a number of protocols 
and solutions for QoS-aware ad-hoc networks, 
further exploration in this field is required. There 
are several unsolved challenges that need to be 
addressed when providing QoS support in future 
multi-hop ad-hoc networks. Some of the possible 
research directions are shortly discussed next. 
We look at the three lower OSI/ISO layers and 
at cross-layer challenges. 

The physical layer is responsible for effective 
bit trans mi ssion. Even when the BER of the radio 
cha nn el is high the physical layer parameters, 
e.g., modulation and cha nn el coding, need to be 
correctly selected. Therefore, efficient multi-rate 
algorithms are required. They should interact with 
the MAC sub-layer and schedule the transmitted 
traffic classes to avoid bad cha nn el conditions. 

A number of QoS-aware MAC schemes have 
been proposed, however, most of them have 
drawbacks. They focus on specific QoS features 
and assume a simple network topology, one 
traffic priority per node, limited node mobility, 
ideal cha nn el conditions, etc. In a multi-hop 
ad-hoc network, nodes usually forward traffic 
which belongs to different flows, and support 
many traffic classes with different delay bounds 
and bandwidth requirements. A MAC protocol 
for multi-hop ad-hoc networks should therefore 
optimize the trade-off between fairness, efficient 
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Figure 17. The CLQMframework architecture (Adapted from (Sarma & Nandi, 2008)) 



resource utilization, support of multiple traffic 
classes, strict priority guarantees, bandwidth on 
demand allocation, traffic scheduling, and fast 
reaction to trans mi ssion errors. It seems that close 
interactions between the MAC protocol, and the 
physical and network layers are needed to achieve 
all these requirements. 

The designers of new network layer QoS 
mechanisms must take into account several re¬ 
quirements. Firstly, the accuracy of QoS routing 
protocols must be maximized. Secondly, control 
overhead should be kept as small as possible. 
Thirdly, because intermediate nodes are forward¬ 
ers of traffic they may limit available resources 
and, furthermore, their unreliability may lead to 
route breaks. Another concern is that currently not 
all QoS routing protocols estimate the available 
network resources. Some of them assume that the 
network capacity is known a priori. Asa result, all 
schemes based on bandwidth and delay estimation 
(e.g., admission control, location prediction) are 
not done appropriately. Route maintenance is also 
a challenging task due to the frequently chang¬ 
ing topology of MANETs. The best way to deal 
with this problem would be to have mechanisms 
which could predict possible route breaks, find 


redundant routes, and perform re-computation of 
broken routes. However, each of these techniques 
increases overhead and, therefore, it is crucial 
to find a trade-off between full mobility support 
and required routing overhead. Additionally, it 
has to be decided if global or local state informa¬ 
tion has to be obtained to perform QoS routing. 
The former estimates network resources more 
accurately, but the latter requires lower control 
overhead. Furthermore, ithas not been decidedyet 
if reactive, proactive or hybrid routing protocols 
are the best way to find feasible paths. Finally, an 
appropriate resource reservation scheme must be 
decided on as well. 

Because a cross-layer solution seems to be the 
most promising approach to provide end-to-end 
QoS provisioning in multi-hop ad-hoc networks, 
the interaction between protocols at different lay¬ 
ers is crucial. Even though QoS frameworks have 
been proposed, more advanced solutions should be 
investigated. Cross layer design should obviously 
integrate QoS solutions from the physical, data 
link and network layers. In particular, most cur¬ 
rent QoS schemes lack dynamic PHY rate control, 
accurate cha nn el measurements, a QoS-aware 
MAC, restoration control, session adaptation 
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Table 2. Comparison of the presented cross-layer solutions 



Channel Monitoring (rate, SNR, BER) j 

MAC Measurements | 
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and integration with infrastructure. Additionally, 
QoS frameworks are difficult to implement and 
verify because of their complex architectures. 
Many architectures can be proposed, but until 
they are tested by users they are only theoretical 
accomplishments. Furthermore, it is up to standard 
organizations and equipment vendors to attempt 
to deploy reliable QoS solutions in multi-hop 
ad-hoc networks. 


CONCLUSION 

In this chapter we have discussed QoS issues 
for multi-hop ad-hoc networks. Supporting ap¬ 
propriate QoS for these networks is a very com¬ 
plex problem and has become an active area of 


research in recent years. Several QoS protocols 
designed for the physical, data li nk and network 
layers have been shortly presented. The analysis 
of single layer QoS solutions shows that they are 
unsuitable for multi-hop ad-hoc networks, where 
complex QoS mechanism s are needed. We have 
also described and compared the most interesting 
cross-layer QoS solutions. It is clear that these ap¬ 
proaches should provide a general model, which 
can be dynamically tuned to support applications 
with different QoS requirements. We found that 
there are a number of unsolved challenges that 
need to be addressed to design complete QoS- 
aware solutions for multi-hop ad-hoc networks. 
Therefore, there are many research possibilities 
in this field of engineering. Solving the existing 
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QoS issues will allow future ad-hoc networks to 
meet user expectations. 
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ABSTRACT 

The authors study the problem of fast and robust data propagation in wireless sensor networks in the 
presence ofobstacles obstructing communication. They survey representative state of the art techniques, 
such as variations of geographic routing, which is known to scale well, mainly due to its greedy nature 
and low memory requirements. Still, most of these algorithms are concerned with finding some path, 
while the optimality of the path is difficult to achieve. Towards improving QoS, and especially latency 
for time-critical applications, in this chapter, the authors are presenting a novel geographic routing 
algorithm with obstacle avoidance properties. It aims at finding the optimal path from a source to a 
destination when some areas of the network are unavailable for routing due to low local density or 
obstacle presence. It locally and gradually with time (but, as we show, quite fast) evaluates and up¬ 
dates the suitability of the previously used paths and ignores non optimal paths for further routing. The 
performance comparison to existing state of the art protocols shows that this approach performs much 
better in terms of path length, thus minimizing latency and space, while introducing low overhead and 
being energy efficient. 
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INTRODUCTION 

Recent advances in micro-electromechanical 
systems (MEMS) and wireless networking tech¬ 
nologies have enabled the development of very 
small sensing devices called sensor nodes. Unlike 
traditional sensors that operate in a passive mode, 
sensor nodes are smart devices with sensing, 
data-processing and wireless transmission capa¬ 
bilities. Data can thus be collected, processed and 
shared with neighbors. Sensor nodes are meant 
to be deployed in large wireless sensor networks 
instrumenting the physical world. Originally 
developed for tactical surveillance in military 
applications, they are expected to find growing 
importance in civil applications such as building, 
industrial and home automation, infrastructure 
monitoring, warehousing and data mining, agri¬ 
culture and security. Their range of applications 
makes sensor networks heterogeneous in terms of 
size, density and hardware capacity. Their great 
attractiveness follows from the availability of low 
cost, low power and miniaturized sensor nodes 
that pervade, instrument and augment the physi¬ 
cal world without requiring human intervention: 
sensor networks are self-organizing, self repair¬ 
ing and highly autonomous. Those properties are 
implemented by designing protocols addressing 
the specific requirements of sensor networks. 

Common to all sensor net architecture and ap¬ 
plications is the need to propagate data inside the 
network. Almost every scenario implies multi-hop 
data transmission because of the low power used 
for radio transmission mostly to limit depletion 
of the scarce energy resources of battery pow¬ 
ered sensor nodes. Needless to say, sensory data 
exchange is usually done in an environment in 
which wireless communication and data routing is 
obstructed, e.g. by walls, narrow corridors, voids 
due to physical failures of some devices etc. The 
theme of this chapter is exactly how to efficiently 
route sensory data in the presence of obstacles. 


Computing the shortest path between two 
nodes in a graph is a problem intensively studied 
in graph theory. For the geometric domain, where 
only local information is available and the path 
is built based on the geographical position of 
the destination and of the one hop neighbors, a 
plethora of solutions and applications exists as 
well. We will consider the behavior of path finding 
algorithms in the geometric domain, in the case 
when there are obstacles and local irregularities in 
the initial network configuration. Because of the 
severe limitations of sensor network devices and 
the lack of global network knowledge, ourpurpose 
is to find in a distributed manner the shortest path 
that avoids the obstacles between two points using 
only local geographical information. 

In the context of a global computing ap¬ 
proach, our aim is to include wireless nodes in an 
Internet-based overlay computer in a transparent 
and efficient way.. We envision diverse interact¬ 
ing wireless elements (mobile users/phones, 
sensors, robots, actuators), hybrid/hierarchical 
compositions and heterogeneous wired intercon¬ 
nections. The context is highly dynamic (due to 
mobility, failures, obstacles), heterogeneous, and 
the wireless devices are resource-constrained 
and low-cost. Yet, we come up with algorithmic 
solutions that are efficient (QoS), robust, secure 
and easy to manage. 

QoS basically refers to fast propagation of 
sensory data (the low latency challenge), since 
most applications are time-critical. However, we 
notice the existence of inherent trade-offs between 
latency and other crucial performance metrics, 
mostly energy dissipation. Hence, satisfactory 
latency vs. energy tradeoffs is crucial, and can 
be achieved by several methods (and their hybrid 
combination). Such methods relate to several 
network layers, including power saving schemes 
at the individual device level, communication 
optimization at the routing layer, as well as low 
additional communication overhead 1 . In this 
chapter, we focus on the latter, i.e. our algorithms 
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aim to minimize the number of hops needed to 
propagate data around obstacles, to both improve 
latency and energy efficiency, while incurring a 
small communication overhead. 

In our perspective, the Global Computer is in 
fact the Intemet/WEB enhanced by mobile users 
and embedded sensors. The global network com¬ 
puter is structured in three interacting layers: the 
P2P (Overlay) Network (where applications are 
executed on powerful devices that communicate 
via fixed networks), the Wireless Peers (mobile/ 
resource-limited devices that communicate over 
wireless mediums) and the Gateway Peers (an 
intermediate layer for wireless access). 

BACKGROUND 

Computingthe shortestpathbetween two nodes in 
a graph is a problem intensively studied in graph 
theory (Ahuja et al., 1993). For the geometric 
domain, where only local information is available 
and the path is built based on the geographical 
position of the destination and of the one hop 
neighbors, a plethora of solutions and applications 
exists as well (Sack and Urrutia, 2000). We will 
consider the behavior of path finding algorithms 
in the geometric domain, in the case where there 
are obstacles and local irregularities in the initial 
network configuration. Because of the severe 
limitations of sensor network devices and the lack 
of global network knowledge, our purpose is to 
find in a distributed manner the shortest path that 
avoids the obstacles between two points using 
only local geographical information. 

In sensor networks there is no fixed prede¬ 
ployed infrastructure, therefore each node relays 
on his peers for sending a message to the destina¬ 
tion, strategy called hop by hop routing. At each 
step, the node currently holding the message will 
choose one of its neighbors to relay the message, 
based on a predefined routing strategy. Due to lim¬ 
ited transmission range of the sensor nodes, each 


node can communicate directly only with a limited 
number of peers - the one hop neighbors. 

Geographic routing is considered as one of 
the best solutions for routing in sensor networks. 
It needs only local information about the one 
hop neighbors. This makes it a scalable and low 
complexity 2 solution. 

The simplest form of geographic routing, 
greedy, chooses for forwarding the neighbor 
closest to the destination. This routing strategy 
ensures that the routing path is unique and that 
the propagation of data progress toward the 
destination. However, the routing strategy does 
not provide the existence of a neighboring node 
closer to the destination. This situation appears 
often when there is an obstacle or a void in the 
network, in low density network areas and even 
in the case of medium densities. In that case, a 
solution consists in changing the routing strategy 
and use perimeter routing which get round the 
obstacle by using the right hand rule until greedy 
routing can be used. 

But these paths are not optimal in terms of 
length, and in fact can be quite long and thus 
inefficient. Additionally, it cannot guarantee 
delivery for any shape of the obstacle, i.e. it fails 
in the presence of some hard obstacles. Although 
several solutions have been proposed for routing 
around the voids, they represent a tradeoff be¬ 
tween optimal path routing and network topology 
maintenance traffic. 

This chapter describes the state of the art in 
geographic routing and outlines the importance 
of efficient obstacle avoidance techniques. Ad¬ 
ditional qualitative comparisons are presented 
by Chen and Varshney (2007a) and Stojmenovic 
(2005). 

Greedy Routing 

Greedy is the simplest form of geographic rout¬ 
ing. For each forwarding decision, a node will 
need information only about the position of one 
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Figure 1. Greedy metrics 



hop neighbors and the destination. The decision 
is made based on the optimization of a specific 
metric. 

The first metric, called progress and was pro¬ 
posed by Mathar and Mattfeldt (1996), is defined 
as the distance between the current node and the 
projection of the neighbors on the line connecting 
the current node and the destination. 

The second criterion, used by Finn (1987) for 
selecting a neighbor is the Euclidean distance. 
The node will choose for forwarding the neighbor 
closest to the destination. Kranakis et al. (1999) 
consider the angle between the next hop, current 
node and destination. The method selects the node 
that mi ni miz es this angle. It is proved to reach 
destination on Delaunay triangulations (described 
below), when a path exists between the source 
and the destination. 

Figure 1 shows an example of greedy routing. 
Source represents the current node, D represents 
the destination. N) is the neighbor with optimal 
progress, the projection of is the closest to 
the destination. N 2 is the neighbor closest to the 
destination; the circle centered in D with the 
radius DN 2 does not contain any direct neighbor 
of the source. N has the smallest angle with the 
line CD. 


Planar Graph Transversal 
Techniques 

Planar graph 3 transversal techniques are geo¬ 
graphic routing strategies alternative to greedy. 
They use two routing modes: greedy routing and 
perimeter (face) routing. Initially they use greedy 
routing. When greedy fails, they will switch to 
perimeter. 

We consider that the current relay, P, knows 
its geographical coordinates, the coordinates of 
the previous node, of the destination D and of all 
its one hop neighbors N ; . As mentioned before, 
during greedy forwarding the choice of the next 
relay is a local optimum decision: the selected 
neighbor is the one closer to the destination. 
In Figure 2, the first three transmissions are in 
greedy mode. 

Faced with an obstacle, a node will switch to 
perimeter routing and the next hop will be the 
first node located counterclockwise with respect 
to the PjD line. This heuristic will continue until 
the message reaches an edge crossing the P D 
line. At this point it will switch to another face. 
The purpose is to route the message around faces 
progressively closer to the destination. The node 
will return to greedy when the current node is 
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Figure 2. Planar graph based routing 



closer to the destination than the node where 
perimeter routing started. In Figure 2, P 3 is closer 
to D than PI; therefore the algorithm will switch 
to greedy. 

Perimeter routing has a constraint - it works 
only on planar graphs with no crossing edges. 
Indeed, the fact that the graph is planar allows 
proving that perimeter routing cannot cycle indefi¬ 
nitely and that the messages are always delivered. 
Since most of the networks are initially not planar, 
the algorithm can only be applied after an initial 
planarization phase. 

In this section we will discuss several aspects 
of planar graph traversal techniques: different 
network models proposed for sensor networks, 
planarization techniques and face (perimeter) 
routing strategies. 

Network Model 

We consider the case of a static network, where 
the entire network traffic is oriented to and from 
the base station. Each node can transmit at the 
maximum distance R. The network model is a 
graph G = (V, E), where V represents the set of 
nodes and E c VxV represents the set of edges. 
The distance between nodes is the Euclidean 
distance, and the path length is the sum of the 
distances between the intermediary hops. 


The information about the presence of the 
direct (one hop) neighbors is obtained by the 
means of short beacon messages, called hello 
messages (Stojmenovic, 2005). Sent with maxi¬ 
mum signal strength, hello messages are used to 
detect the neighbors of a node in the network. 
They advertise both the presence of a node and 
its physical location. 

The classical representation for network is the 
unit disk graph model Clark et al. (1990) - it makes 
the assumption that an edge eeE exists only if 
the distance between two nodes u and v is below 
a certain value R. The model presented by Kuhn 
et al. (2002) makes the additional assumption that 
the distance between two connected nodes has a 
lower bound dO. The effect of radio fluctuations 
on topological change rate and link stability was 
studied by Schmitz and Effelsberg (2004). The 
results are showing that they may have a significant 
impact on the network performance. 

A different approach was proposed by Kuhn 
and Zollinger (2003) and further discussed by 
Kuhn et al. (2004). A li nk between two nodes in 
Quasi Unit Disk Graph exists only if the distance 
between the nodes is lower than a threshold d, 
between 0 and 1. If the distance is between d and 
1 the connection may exist or not with a given 
probability and f the distance is larger than 1 no 
li nk exists. 
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Schmid andWattenhofer (2006) proposed ten 
different models for sensor network communica¬ 
tion. They take into account different parameters: 
directional antenna, interferences, adaptive trans¬ 
mission power and link failures. 

Another representation is the realistic physical 
layer model (Stojmenovic et al., 2005, Nadeem 
andAgrawala, 2004) - a message is received with 
a probability depending on the distance between 
nodes. This model uses the log normal shadow 
fading model to represent the probability p(x) of 
receiving a packet successfully. In this new con¬ 
text the transmission radius R is defined as the 
distance for which the probability of receiving a 
message is 0.5. 

Graph Planarization 

The representation of the network is not always 
a planar graph. Therefore planar graph transver¬ 
sal algorithms use different distributed graph 
planarization techniques. This can be done at the 
network level, in the network setup phase, or it 
can be done on demand, only for the set of nodes 
where greedy forwarding cannot be used. 

The requirements for a planarisation algorithm 
are the low computational complexity and the 
possibility of being computed in a distributed and 
localized way. Santi (2005) analyse a series of 
algorithms that compute the proximity graphs used 
in geographic routing: Relative Neighborhood 
Graph (Gabriel and Sokal, 1969), Gabriel Graph 
(Toussaint, 1991), Delaunay Triangulation). 

The proximity graphs are graphs where the 
neighbors of the nodes can be computed based on 
their geographical coordinates. They are subgraphs 
of the initial graph representing the network. 

In a Gabriel Graph, a link between two nodes 
u and v exists only if there is no other node in 
the circle of diameter uv. In a Relative Neighbor¬ 
hood Graph, a link between u and v exists only 
if no other node exists at the intersection of the 


circles centered at u and v, with radius uv. RNG 
is a subset of GG. 

A Triangulation of a set P of nodes in the plane 
is a planar graph where no edge connecting two 
nodes in P can be added without compromising 
planarity. 

A Delaunay Triangulation for a set P of points 
in the plane is a triangulation DT(P) such that 
no point in P is inside the circumcircle of any 
triangle in DT(P). 

Delaunay Triangulation is also defined as the 
dual graph of a Voronoi diagram (Sack and Ur- 
rutia, 2000). A Voronoi diagram is a partition of 
the plan in cells, such that each cell contains all 
the points closer to a specific node peP. 

Gabriel Graph is a subset of Delaunay Trian¬ 
gulation. A DT has an edge between two nodes 
if their Voronoi cells are adjacent. Kranakis et 
al. (1999) define a routing strategy called compass 
routing which uses the Delaunay Triangulation 
and prove that it finds a path between any source 
and destination. 

In Karp and Kung (2000a) both algorithms are 
evaluated as planarization method. They argue in 
favor of RNG mainly due to the impact of lower 
graph density on MAC layer performances - the 
efficiency of the MAC layer is reduced with the 
increase of the number of links in the network. 
Cal et al., Kim et al. (2005b) analyze the factors 
that influence the failure of graph planarization 
techniques and identify those robust to the pres¬ 
ence of these factors, when the network model is 
unit disk graph. 

The alternative we use for constructing the 
planar graph the crossed link detection protocol 
algorithm, CLDP, proposed by Kim et al. (2005a). 
The algorithm is proved to incur moderate com¬ 
munication overhead, to converge quickly and to 
choose low loss paths. Another advantage of this 
protocol is the robustness to arbitrary localization 
error and radio irregularities. In CLDP each node 
will send messages along the faces containing 
its links. If a crossing li nk is detected and its 
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removal will not disconnect the graph, the link 
is removed. 

In Govindan et al. (2006), the authors remove 
the link crossings only when they interfere with 
geographic routing. The algorithm improves the 
performance of CLDP since it is observed that 
only in particular situations crossing edges are 
harmful for geographic routing. However, the 
algorithm needs to detect possible loops in order 
to remove the harmful crossing edges. 

Perimeter Routing 

Planar graph traversal techniques (Karp andKung 
(2000b), Heissenbuttel et al. (2003), Bose et al. 
(2001), Datta et al. (2002)) are used since they 
were proved to guarantee delivery if a path exists. 
Planar graph based obstacle avoidance strategies 
use greedy as long as a node has a neighbor closer 
to the destination. 

Otherwise, one of existing planar graph travers¬ 
al algorithms (Urrutia, 2002, Kuhn et al., 2003c, 
Kuhn et al., 2003a) is used. These algorithms are 
described by Stojmenovic (2005) as memoryless 
guaranteed delivery algorithms. 

There are different approaches to perimeter 
routing, the difference between them consisting 
mainly in the condition us ed to switch from face to 
face. They all work in the unit disk model. FACE 
routing was first introduced by Kranakis et al. 
(1999), (further analyzed by Feng Zhao, 2004). 
A message is routed along a face until it finds an 
edge that intersects the line between the source 
and destination. At this point it switches faces 
and continues routing. The message will route 
on faces progressively closer to the destination. 
The algorithm works under the assumption that 
the faces are convex, and is proved to reach the 
destination in linear time if a path exists. 

The drawback of this algorithm is the increase 
of path length with the network density, since the 
links in the planar graph will be shorter. Face rout¬ 
ing performances were improved by Bose et al. 


(2001) who propose GFG (Greedy-Face-Greedy). 
GFG uses greedy until the message gets stuck at 
a node, when it switches to FACE routing. Karp 
and Kung (2000a) introduce Greedy Perimeter 
Stateless Routing (GPSR) that implements GFG 
with IEEE 802.11. 

An algorithm that works under the more general 
assumption of arbitrary planar graphs, Original 
Face Routing, is also presented by Kranakis et al. 
(1999) - each message traverses all the edges of 
a face and chooses from the edges that intersect 
the line between the source and the destination 
the one that minimizes the distance toward the 
destination. 

With the Bounded Face Routing (BFR) algo¬ 
rithm, (Kuhn et al. (2002)), the quality of the path 
of face routing is improved by limiting how far 
away a path is allowed to deviate from the line 
between the source and the destination. The path 
has to be inside an ellipse with the source and 
the destination as foci. If the path intersects the 
ellipse, the message will switch direction between 
clockwise and counterclockwise routing. 

BFR tries to build the ellipse around an optimal 
path. However it does not always find a solution 
in the space limited by the ellipse. In this case, 
the message is routed back to the source. Adap¬ 
tive Face Routing (AFR) improves this method, 
by restarting the same routing algorithm when 
a message returns to the source, with a double 
sized ellipse. 

Kuhn et al. (2003c) present a less complex 
alternative, Other Face Routing (OFR): eachmes- 
sage traverses all the edges of a face and switches 
face at the vertex closest to the destination. Other 
Adaptive Face Routing (OAFR) works similarly 
with AFR. The message will use OFR for routing 
inside an ellipse, increasing the size of the ellipse 
if the path is not found. 

Greedy Other Adaptive Face Routing (GOA- 
FR) alternates greedy and OFR, while resizes the 
initial ellipse when needed. The algorithm starts 
in greedy mode. When the next hope is outside 
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the ellipse, the ellipse is doubled. If a node is a 
communication void, then OFR is used only for 
one face. When the closest node to the destina¬ 
tion is detected on the current face, the algorithm 
changes to greedy - the algorithm falls back to 
greedy as soon as possible. Kuhn et al. (2003b) 
limit the searchable area by replacing the ellipse 
with a circle centered at destination and with the 
radius proportional with the distance between the 
source and the destination. Wheneverpossible, the 
radius of the circle is decreased. The algorithm 
alternates greedy and face routing. Once in the 
face routing, it keeps two counters: one of the 
nodes of the current face closer to the destination 
than the face entry point and one for the nodes 
further to the destination than the same reference. 
If the ratio of closer nodes is above a specified 
threshold, the algorithm switches back to greedy 
at the closest node to the destination visited so 
far on the current face. 

Kuhn et al. (2002), Kuhn et al. (2003c) dis¬ 
cus the optimality of these algorithms. The AFR 
algorithm is proved to have a path cost bounded 
by a function dependent of the optimal route. 
The authors prove a routing path with quadratic 
cost compared with the shortest path. Addition¬ 
ally, Kuhn et al. (2003c) proved that GFG is not 
asymptotically optimal, while GO AFR is. 

The performances of these strategies depend on 
two factors: the performances of graph traversal 
algorithm and of the distributed planarization 
algorithm. 

Thus most of the algorithms are concerned with 
improving the planar graph traversal algorithms. 
The optimality of the path is not considered. 
The gain in path length (compared with the path 
chosen when the complete network topology is 
known) becomes significant when obstacles are 
present and it is proportional with the size of the 
obstacle. Our approach is different: while keeping 
both the greedy and planar graph based strategies, 
our algorithm progressively marks and avoids the 
non-optimal paths. 


Geographic Routing 
Without Planarization 

Geometric obstacle detection is proposedby Fang 
et al. (2006). It uses the geometric properties of 
a node to determine if a message can be stuck at 
that node. This happens if no neighboring nodes 
are closer to the destination and greedy routing 
fails. The nodes at which this happen are called 
weakly stuck 4 . They define the strongly stuck 
nodes as the nodes for which there exist a location 
in the plane such that greedy fails to route data 
to this location (even if there are no nodes in the 
location). Weakly stuck nodes are strongly stuck 
nodes and strongly stuck nodes do not necessar¬ 
ily cause problems since the location which is 
unreachable with greedy routing can contain no 
nodes. However strongly stuck nodes are easier 
to detect. A local rule, TENT, is developed to 
find voids in the network, defined as areas of the 
network bounded by the nodes at which greedy 
routing fails. At the same time a distributed al¬ 
gorithm, BOUNDHOLE, is proposed to route 
around the voids. 

A weak stuck node n is a node for which 
there exists a node nl outside its transmission 
range such that none of the one hop neighbors of 
n is closer to nl than n. The authors prove that 
a node is not a weakly stuck node if its adjacent 
edges in a Delaunay Triangulation (DT) of the 
network graph are no longer than 1. The voids 
are represented by faces in a Restricted Delau¬ 
nay Graph (a DT where links longer than 1 are 
removed) with at list 4 vertices. TENT is used for 
detection of strongly stuck nodes. It first orders 
counterclockwise the neighbors’ n ]5 n 2 of a node 
n and verifies each adjacent pair. It checks the 
position ofthe intersection point of the bisectors of 
the links n | n and nn 2 of the current node with the 
two selected neighbors. If the intersection point is 
not in the transmission range of the current node, 
then there is a direction for which a packet can get 
stuck at the node. Starting with a stuck node, the 
entire border of the void is identified using only 
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local information. The routing algorithm starts in 
greedy mode. If it reaches a stuck node, it uses the 
information about the void to select the adjacent 
neighbor on the void border. The message switches 
back to greedy when the current node is closer to 
the destination than the initial stuck node. 

The disadvantage of this technique is the 
high complexity of the void detection and the 
high amount of required memory. Additionally, 
it does not guarantee delivery when the destina¬ 
tion is inside the void. The advantage is that it 
maintains local the complexity generated by the 
presence of the void, while some planar graph 
traversal algorithms planarize the entire network. 
Additionally the routing algorithm will choose the 
direction with the shortest path. 

Cost based approach Ye et al. (2001) consists 
in assigning a cost to each node, equivalent with 
the minimum cost to forward a message to the 
destination on the optimal path. Each message 
stores the minimum cost between the source and 
the destination and the cost of routing between 
the source and the current node. In order to relay 
a message, a node will check if the sum of the 
cost of routing to the destination and the cost of 
routing to the current node is equivalent with the 
initial cost. 

In L. Zou and Lu (2004), a mechanism (called 
shadow spread phase) is proposed to detect the 
nodes close to a void, called shadow nodes. A 
neighbor of a stuck node is considered shadow if 
all its greedy neighbors are shadow or stuck nodes. 
The cost is assigned through a cost spread phase. 
It is proportional to the distance to the destination 
for normal nodes and higher than Euclidean cost 
for shadow nodes. When greedy forwarding fails, 
a node will forward a packet to a neighbor with 
a lower cost than itself. Although the message 
complexity of the algorithm is rather medium, it 
does not choose optimal paths. 

S. Chen and Cui (2006) introduce a distance 
downgrading algorithm, to detect the optimal 
routing path. Additionally, the algorithm is robust 
to network changes. 


Flooding based techniques (Stojmenovic and 
Lin, 2001, Stojmenovic et al., 2000, Jain et al., 
1999) are using broadcast to forward the message, 
once a packet is stuck. Although the algorithm is 
simple, the communication overhead is high. They 
guarantee delivery, but path optimality is not a 
concern. Stojmenovic and Lin (2001) use flooding 
to forward the message to one hop neighbors when 
a message is stuck. Each neighbor will further use 
greedy forwarding to handle the message. Flooding 
is based on memorization: the packet ID is stored 
at each node that used flooding and discarded if 
another copy of the same message arrives. 

Jain et al. (1999) use route discovery, by 
sending a broadcast message when a message is 
stuck at a node. Each node that receives a route 
discovery request adds its ID on the path discov¬ 
ered and rebroadcasts the message. Duplicate 
messages are discarded. This method is called 
breadth first search. 

A depth first search algorithm was proposed 
simultaneous by Stojmenovic et al. (2000) and 
Jainetal. (1999). The difference from the previous 
method is that a node will forward the request to 
a single node, the one that minimizes the sum of 
distances between the current node and source 
and the current node and destination. 

Chen and Varshney (2007b) propose a partial 
path discovery mechanism that aims at discovering 
a node closer to the destination than the current 
node. Apath discovery message is sent to one hop 
neighbors. If the query is not successful, another 
message is send, targeting two hops neighbors. 
The node extends the flooding range progressively, 
until a path is found. 

Multipath techniques (Lin et al. (2001), Chatzi- 
giannakis et al. (2006)), explore several paths 
toward the destination, to trade-off efficiency with 
fault tolerance. Similar with the case of flooding 
techniques, the overhead may be high. 

Heuristic techniques use additional resources 
or information to route the message. ? propose a 
second communication device at eachnode. Chen 
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et al. (2005) increase the transmission power of a 
stuck node until a greedy neighbor is detected. 

Another alternative (Zorzi and Rao, 2003) is 
for a void node to stop forwarding messages. At 
the same time it announces its neighbors about its 
impossibility of forwarding messages, technique 
called reverse propagation. The technique was 
proved to be ineffective for low density randomly 
deployed messages. 

An alternative was proposed by He et al. (2003). 
A void node will advertise its status backwards. 
The propagation is finished at the first node that 
has a valid alternative for routing. 

A probabilistic solution, Intermediate Node 
Forwarding, is proposed by Couto and Morris 
(2001). A void node will send a message to the 
source when it discards a message. The source 
will select a random node in a circle centered at 
the middle of the distance between the source and 
the destination. If the message is discarded again, 
the radius of the circle is increased. 

B lazevic et al. (2002) detect a set of nodes called 
anchors, such that the probability of reaching the 
destination is high if the messages are forwarded 
between the anchors. 

Hybrid techniques use at least a combination 
of two obstacle avoidance methods. The motiva¬ 
tion is the improved efficiency of the path and 
the guaranteed delivery of the message. They 
are used when only one of the two techniques is 
not enough to achieve these requirements. The 
disadvantage is the increased overall complexity 
due to the supplementary messages necessary for 
coordinating the nodes. 

Multihop data knowledge Spanning tree based 
techniques build a spanning tree when a message 
is stuck at a node. Radhakrishnan et al. (1999) 
forward messages using flooding, while Leong 
et al. (2006) aggregate the locations covered by 
subtrees using convex hulls to decide which direc¬ 
tion in the tree is closer to the destination. 

The methods described above are mainly 
concerned with guaranteeing delivery. In contrast, 
we aim at providing high quality paths, by keep¬ 


ing track of previous evaluations in a distributed 
manner. Additionally, our technique preserves 
the properties of the network, like scalability and 
low complexity since it works only with local 
information about the direct neighbors of the node 
currently propagating data. Previous related work 
is published in Moraru et al. (2008). 

Obstacle Avoidance 

GRIC (Georouting around Obstacles) algorithm 
was proposed by Nikoletseas and Powell (2007) to 
handle obstacles. It uses a combination of inertia 
and direct movement towards the destination in 
order to bypass the obstacles. The algorithm fails 
in the presence of concave obstacles; therefore a 
rescue mode was introduced to handle these cases, 
based mainly on the right hand rule. 

GRIC requires only one hop information and 
does not use planarization. The authors claim 
that it uses a path close to the optimal one in the 
absence of global knowledge. Additionally the 
algorithm performs well in the case of highly 
dynamic networks, due to the lack of the pla¬ 
narization phase. 


BEHAVIOR BASED 
OBSTACLE AVOIDANCE 

The purpose of the algorithm is to obtain a gradual 
convergence to the optimal path. We intend to 
obtain minimal path lengths by dynamically 
evaluating the frequency of every routing method 
used by a node and assigning further routing tasks 
based on this evaluation. 

As mentioned before, geographical routing 
uses greedy method to choose the next neighbor. 
When greedy fails, another strategy - rescue mode 
- is enforced. We are choosing as the rescue mode 
strategy a planar graph based traversal algorithm 
to route around obstacles. We are making this deci¬ 
sion considering the guaranteed delivery and the 
stateless nature of this class of protocols. Greedy 
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routing will be considered as good quality routing 
method, while face routing will be evaluated as 
a poor quality one. 

The protocol gradually evaluates the perfor¬ 
mance of a path, detecting dynamically the nodes 
around holes, and progressively redefining the 
routing paths. Each node is evaluating itself and it 
is spreading locally information about its perfor¬ 
mance. Once the non optimal nodes are detected 
and advertised, each node in greedy routing mode 
will avoid choosing non optimal neighbors for 
forwarding, thus redirecting the message outside 
the non optimal nodes area. The shape of the non 
optimal area is presented in Figure 3 (a), for convex 
obstacles, and Figure 3(b), for concave ones. Both 
figures represent intermediary stages during the 
convergence process. The black areas represent 
nodes marked as optimal, while the gray area 
contains non optimal nodes. The greedy nodes 
located at the border of the non-optimal area 
represent the path that the messages originated 
at the left side of the obstacle will follow. The 
upper area of the void for the concave shape is 
marked faster, since the messages are routed only 
counterclockwise around the obstacle. 

The evaluation of a node as non optimal de¬ 
pends on the relative position between the source, 
obj ect and destination. The point of incidence with 
the obj ect influences the number ofhops a message 
is routed with perimeter, since the message will 
exit perimeter only when it finds a node closer 
to the destination then the perimeter entry point. 
This is also the reason why a small area of nodes 
above the concave object is marked. 

Further, we will present a new routing protocol 
which will take into account the optimality of a 
node for choosing the next relay and several be¬ 
havior based non optimality detection methods, 
outlining their advantages and disadvantages. 

Reputation - Path Ranking Analogy 

The usage of previous behavior for the prediction 
of the future behavior of a node is a technique used 


in reputation mechanisms. The current reputation 
mechanisms are used to evaluate the willingness 
of a node to execute collaborative tasks in the 
network. We aim at using previous behavior to 
evaluate the ability of a node to forward messages 
on an efficient path in terms of specific cost metrics 
important for the sensor networks. Therefore we 
are building our evaluation system by borrowing 
the tools from reputation building mechanisms. 
We will further give an overview of reputation 
systems and we will describe the analogy between 
reputation and path optimality evaluation. 

Reputation systems are enforced in collabora¬ 
tive environments and are used to help predicting 
the behavior of an entity based on the previous 
experience with that entity. Each interaction is 
evaluated in terms of only two possible results: 
positive or a negative. Therefore, their behavior 
can be modeled as a statistical process with bi¬ 
nary events. Before interacting with an entity, a 
node will infer all the information obtained from 
the previous interactions and it will predict the 
outcome of future interactions. Based on this 
prediction, a decision is made about interacting 
with this entity or not. 

Beta reputation system (Ismail and Josang, 
2002) is a reputation representation system, 
which uses beta probability density function to 
build entities’ ratings. Reputation, defined as the 
opinion of an entity about another, is represented 
as a probabilistic distribution. 

Trust is the expectation of an entity about 
the actions of the other. It is obtained by taking 
the statistical expectation of the probability dis¬ 
tribution representing the reputation. If a is the 
number of positive outcomes and P is the number 
of negative outcomes, then the expected value of 
beta distribution is: 

E(p) = a/(a+p), 

withp arandom variable whichhas abeta distribu¬ 
tion with parameters a and p. Based on the trust 
value, an entity will decide if it will cooperate 
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Figure 3. Non optimal regions: (a) Convex void; (b) Concave void 

(a) 
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or not. A threshold is set and compared with the 
expected value. If the expected value is under the 
threshold, then the node will not cooperate. 

We take the mathematical tools used by beta 
reputation system, but we give a different mean¬ 
ing. We are interested in evaluating optimality / 
non optimality of a path passing through a certain 
node. 

We are using the same model of binary events. 
Each node can choose from two routing deci¬ 
sions; one of them is evaluated as optimal, thus 
it will represent a positive outcome; the other is 
evaluated as non-optimal, and it will represent a 
negative outcome. Each node will choose the next 
forwarding neighbor based both on the suitability 
with the selection method and on its expected 
behavior. 

The difference between the two applications 
of beta probability representation consists in the 
location where the two systems are gathering, 
storing and inferring the information. 

In a system where the willingness to cooper¬ 
ate is evaluated, it is reasonable that the trust is 
computed by the peers. But when the frequency 
of the used routing methods has to be evaluated, 
the node can make the decision by itself. Thus, 
the estimation of the routing method optimal¬ 
ity can be made at the node level. Furthermore, 
the evaluation made at the neighbors’ level will 
increase the network traffic. The advantages of 
this method are the simplicity of implementation 
in practical applications and the strong statistical 
background. Simplicity of implementation is 
important in sensor networks which are scarce in 
computational and energy related resources. The 
statistical background will provide robustness to 
the evaluation mechanism. 

Routing 

This section describes the modifications we 
brought to the state of the art geographic routing 
protocol in order to consider the quality of the 
path. Algorithm 1 describes our routing protocol. 


It starts by checking what the current routing mode 
is. If the message is in the perimeter mode, there 
are two possible situations: 

a. The current node is closer to the destination 
than the perimeter entry point and the routing 
mode is switched to greedy, 

b. Otherwise the current node will forward 
the message counterclockwise to the next 
neighbor on the face of the planar graph. 

If the message is in the greedy mode, it will 
select next relay between the optimal neighbors. If 
greedy fails in finding the next relay, the perimeter 
mode is enabled. 

Based on the routing mode used, the optimality 
of the current node is updated. 

Algorithm 1 Trust Based 
Routing Strategy 

Variables: 

• this: The identifier of the current node ex¬ 
ecuting the routing strategy. 

• entry_point: The identifier of the node 
which first switch from greedy to perim¬ 
eter mode. 

• neighs: The set of neighboring nodes of the 
current node this. 

• selneighs: store the identifier of the next 
node selected for transmitting the message 
to. 

• routing mode: store the value of the se¬ 
lected routing mode, can be perimeter or 
greedy. 

Procedure: 

• is closer(x,y): Boolean valued procedure, 
returns true if the node with identifier x is 
closer to the destination than the node with 
identifier y. 
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• get_next_hop(a,b): Returns the next node 
to trans mi t the message among the set of 
node b using the routing mode a. 

• filter(a): Return the set of nodes belonging 
to a which are optimal nodes. 

• update optimality: Switch the mode rout- 
ingmode if necessary. 

Code: 


if routing _mode is "perimeter" 
then 

if is _closer(this, entry_ 
point) then 

routing _mode <- greedy 
end if 
end if 

if routing _mode is "perimeter" 
then 

next <- get _next_ 
hop("perimeter", neighs) 
else 

sel neighs <- filter (neighs) 
next get _next _ 
hop ("greedy", sel_neighs) 
if ! 3 next then 

next <- get _next_ 
hop("perimeter", neighs) 
end if 
end if 

update _optimality(routing _ 
mode) 

The modifications to the behavior of the routing 
protocol are as follows. 

1. A node in greedy mode will choose a suc¬ 
cessor only between optimal nodes. First a 
selection of candidates for greedy routing 
is made: only nodes that are closer to the 
destination than the current node and that are 
marked as optimal are included. The reason 
is that, even if they could represent a local 


optimum, since afterward they use perimeter 
routing, they are nodes on non-optimal paths. 
The condition to enter perimeter routing 
remains unchanged. When a message enters 
the perimeter mode, it will choose the first 
neighbor counterclockwise, with the line 
between the source and the destination as 
a reference. Perimeter routing selection of 
the next hop rema ins unchanged as well. 

With this configuration in mind, the behavior 
of the algorithm is similar to the classical perim¬ 
eter routing algorithms for both the marked and 
unmarked area. We define the border as the area 
composedofnodeswithneighbors in both marked 
and unmarked areas. The only difference is rep¬ 
resented by the behavior at the border: by giving 
priority first to the optimal nodes, the messages 
will be routed around the marked area. But this 
behavior is possible only when the nodes at the 
border have greedy optimal neighbors toward 
the destination. 

Otherwise, the node will enter into the marked 
area, without any significant improvement on the 
routing path. 

2. When the perimeter entry point chooses the 

next relay, it will check first the status of its 
neighbors. If it has both optimal and non 
optimal neighbors, it will select an optimal 
neighbor to continue routing. 

The second change in the routing algorithm 
aims at improving the path, even when the border 
nodes have no greedy optimal neighbors toward 
the destination. Since the probability that a node 
on a current face is closer to the destination than 
the current node is high, the node will switch to 
greedy with high probability. Therefore the mes¬ 
sage is kept on the border, advancing toward the 
destination in greedy or perimeter mode. Further 
we will address another important issue of the 
algorithm. We will sketch three different classes 
of optimality evaluation methods, that achieve 
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different compromises between the efficiency and 
the cost of the solution achieved. 

Behavior Model - Beta 
Probabilistic Function 

First method (Entire History Evaluation), as de¬ 
scribed in Algorithm 2, is to use two counters to 
evaluate the interactions. Each time the greedy 
routing is used, the counter for positive interac¬ 
tions, is increased. Each time perimeter routing 
is used, the counter for negative interactions is 
increased. 

We will use Bayesian probability for interfer¬ 
ence. If g represents the number of messages sent 
by greedy and p the number of messages sent by 
perimeter, then the performance is calculated by 
the formula p/(p + g) and represents the expected 
value, a number between 0 and 1. The optimality 
is determined by comparison between the expected 
value and a specific THRESHOLD. Initially all 
nodes are assigned the rating of 1. 

Algorithm 2 Bayesian 
Computation Trust Update 


if routing_ mode is "perimeter" 
then 

P - P + 1 
else 

g«- g + i 

end if 
rank=p/(p+g) 

if rank > THRESHOLD then 
optimality <- 0 
else 

optimality <- 1 
end if 


In the context of stationary traffic, this method 
offers a robust evaluation and faster convergence 
to a stable state than the evaluation in one step. 


Additionally, the current state reflects the behavior 
of the network, the traffic density distribution. 
Another factor that influences both the conver¬ 
gence time and the number of nodes marked as 
non optimal is the threshold value. By decreasing 
the THRESHOLD, we decrease the convergence 
time and mark more nodes as non optimal. 

Threshold Selection 

The evaluation of a node as optimal or non op¬ 
timal depends on the rank value, compared with 
the THRESHOLD. Therefore the choice of the 
THRESHOLD will influence the performances 
of the algorithm. 

There are two factors that are directly influ¬ 
enced: the convergence time and the number of 
non optimal nodes. The convergence time should 
decrease with a lower THRESHOLD. This should 
happen especially after the first messages routed 
and the first layer of non optimal nodes detected. 
The layers of nodes further away from the object 
already used greedy, therefore it will take more 
perimeter decisions to reach the ratio represented 
by the THRESHOLD. In this situation, a lower 
threshold will allow faster convergence. 

The marking of the nodes at the border in the 
optimal or non optimal area depends mainly on 
the traffic patterns. If more messages are routed 
from an area with little incidence on the object, 
then the rank is lower. 

Example 

Figure 4(a) represents the path of the first mes¬ 
sage. When the message arrives at node nl 5 , it 
switches to perimeter, since node nl does not have 
any greedy neighbors toward the destination. The 
message is forwarded in perimeter mode until n6 
which is closer to the destination than the perimeter 
entry point, therefore it switches to greedy. The 
negative counter is increased to one for the nodes 
nl - n5, which are marked as non optimal. 
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Figure 4. Message path: (a) First scenario; (b) Second scenario; (c) Third scenario 



We will further present the behavior of the net¬ 
work and the detection of the non optimal nodes. 
We consider few other messages sent from the 
same source in Figure 4(a), having as a result the 
marked area in Figure 4(b). Figure 4(b) represents 
the path of a message that avoids the marked area, 
choosing a path close to optimal. 

Node n7 has no optimal greedy neighbors 
toward the destination; therefore its negative 
counter is increased. Similar for n4, n5 is closer 
to the destination than n4, therefore it will switch 
to greedy, and its positive counter is increased. 

The last step, Figure 4(c), shows the path of a 
message with a different source than the previous 
ones. The node n8 has no optimal neighbors closer 
to the destination than itself, therefore its negative 
counter will increase and it will start routing in 
perimeter. n5 is closer to the destination than n8, 
and it has optimal greedy neighbors, therefore 
it will increase the positive counter and route in 
greedy mode. 


Second method (Last Step Trust), described in 
Algorithm 3, is to build a reputation based only 
on evaluation of the last interaction. Each time a 
node is used as a relay, it will evaluate the quality 
of the path and it will set the optimality value to 
1 if greedy is used and 0 otherwise. 

The advantage of this method is its simplicity, 
no computing effort is necessary. 

Algorithm 3 Last Step Trust Update 


if routing_mode is "perimeter" 
then 

optimality <- 0 
else 

optimality <- 1 
end if 
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The disadvantage is the increased number of 
trans mi ssions needed to notify the neighbors about 
the state changes. Additionally, the convergence 
time can be quite long, especially for the border 
nodes. The state of a node can change often at the 
border between the nodes for which the obstacle 
intersects the direct line between the source and 
the destination and the other nodes. 

The third algorithm (Bayesian with Propaga¬ 
tion) uses neighbors’ optimality in building the 
optimality of each node. We are using the same 
method as the previously described reputation 
system uses to combine feedback from multiple 
sources. The method is presented in Algorithm 4. 
R is the optimality of a node, Rd is the optimality 
value obtained as a result of the own decisions 
and R ; is the optimality inferred from that of the 
neighbors. The method getrank(x) returns the 
rank of node x. 

Algorithm 4 Bayesian with 
Inference Trust Update 

R d <- get rank (this) 
for each neighbor i do 

Ri *- get rank(i) 
end for 

R <- (1 -WEIGHT) * R d + Si WEIGHT 
* R. 

if R > THRESHOLD then 

optimality <- 0 
else 

optimality <- 1 
end if 


Weight Selection 

The weighting factor, WEIGHT, is a measure of 
the influence of the neighbors. It improves the 
convergence time of the algorithm, since the non 
optimal nodes in the vicinity of an already detected 
area will be marked faster. The value of the weight¬ 


ing factor is a trade off between the convergence 
time and the number of nodes detected. It has to 
be small enough, such that the influence of the 
node owns behavior is more significant than the 
influence of the neighbors. 

State Dissemination 

By exploiting the existence of hello messages, 
each node maintains an accurate image of the 
path rating of each neighbor. Nodes can locally 
send information about the optimality status, by 
adding this information to the content of the hello 
messages. If the messages are sent periodically, 
this additional information is transmitted with only 
one additional bit, added at the end of the hello 
message. A second alternative for optimality status 
dissemination is to send an update message each 
time the state is changed. The trade off in choos¬ 
ing one of these methods is between convergence 
time and the overhead. If the algorithm waits until 
the beacon is send, then the convergence time is 
delayed, otherwise, more overhead is added into 
the network. Other factors to consider when choos¬ 
ing the dissemination method are the number of 
nodes marked as non optimal and the number of 
state switches of each node, since both influence 
directly the overhead added in the network when 
reactive updates are used. 

Performance Evaluation 

Network Configuration 

We evaluate experimentally the performances of 
the algorithms mentioned above. The network 
configuration used is as follows. The size of the 
network is 50x50 units; with the number of nodes 
varying between 2800 and 6700. The nodes are 
placed randomly in the 50x50 square with uniform 
distribution. We choose rather high densities, in 
order to minimize the number and the impact of 
the communication voids. This way, the alteration 
of routing performances is mainly caused by the 
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behavior of the protocol around the object. Two 
types of obstacles in the network topology are 
tested. The first one is a convex shape, a rectangle 
with the size of 10x20 units. The second type is 
a concave object, with the shape of a half moon, 
with the radius of the generator of 10. 

The transmission radius of a node has 2 units, 
thus the ratio between the obstacle size and the 
transmission range is 5, and therefore the obstacles 
are quite large. Moreover, the density measured as 
the average number of neighboring nodes ranges 
between 15 and 35. The traffic in the network is 
generated in an area of size 3x3 units. The des¬ 
tinations are located in a 3x3 units square area 
on the other side of the obstacle reported to the 
source. The reason for this configuration is to 
have an evaluation of the worse case influence 
of the obstacles on the traffic. 

The results are presented as the median of 
50 experiments, after the convergence of the 
network. For each experiment, a message is sent 
into the network at each step. If the number of 
non optimal nodes remains constant after 300 
steps, the algorithm is considered convergent, 
and the performance of the first message routed 
in the network after convergence is measured. 
For each experiment we are changing the network 
configuration: the position of the nodes and the 
links between the nodes. 

The performances of our protocol in terms 
of path gain are independent of the model used. 
The physical layer model has a direct impact on 
the routing protocol performance, but not on the 
optimization method. 

Experimental Results 

We are evaluating the performances of our three 
protocols: Last Step Trust, Entire History Evalu¬ 
ation, and Bayesian with Propagation. The com¬ 
parison is made based on criteria like the path 
quality and the time to convergence. 

Our goal is to devise algorithms that produce 
paths close to optimal. We compare the quality 


of a discovered path with the one generated by a 
topology aware strategy which selects the short¬ 
est path. In the case of obstacles, the optimal 
path will have as intermediary destinations the 
extremities of the obstacle. Each intermediary 
reference is chosen as the closest extremity to the 
line between the current node and the destination. 
The optimal hop count is measured as the ratio 
between the Euclidean distance and the commu¬ 
nication range. 

The second reference for comparison is the 
greedy perimeter stateless routing, as the state 
of the art in planar graph traversal based routing 
protocols. 

The planar graph traversal algorithm is convex 
face routing: a node walk s on faces progressively 
closer to the destination. 

Hop Count 

First simulation results, Figure 5 presentthe aver¬ 
age hop distance in the vicinity of the obstacle, as 
an estimator of the latency of the message. The 
first image represents the measurements for the 
convex obstacle, while the second represents the 
measurements for the concave one. The x axis 
represents the network density, measured as the 
average number of neighboring nodes. The y axis 
represents the average number of hops traversed 
by the message. 

Greedy perimeter stateless routing introduces 
a latency of more than 200% in the vicinity of the 
obstacle. For convex obstacles, all the trust based 
algorithms are introducing at most 50% of latency 
for the highest densities. For lower densities, the 
One Step Evaluation has the best performance, 
while Bayesian with Propagation algorithm is 
closed to Greedy Perimeter Stateless Routing. 

For concave obstacle, the gain in hop distance 
compared to GPSR is even higher. This is due to the 
effort of attaining the node closest to the destination 
inside the convex shape, added to the perimeter 
routing along the obstacle. For highest densities, 
the increase in hop count compared with the ideal 
case is 25% for ranking mechanisms, while for 
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Figure 5. Hop distance after convergence 




Greedy perimeter stateless routing is 200%. For 
lower densities, One Step evaluation mechanism 
has the closest to optimal performances. 

Another observation is that GPSR does not 
have a linear dependence on the network density. 
This can also be observed in Leong et al. (2005) 
for GPSR and other suggested algorithms, the 
performance of the algorithms are sensitive to 
the density due the impact of this parameter on 
the planarization process. 


Thus, the explanation resides in the number 
of perimeter routing decisions. Actually, one 
can claim that as the network density is not high 
enough, voids cause difficulties to GPSR. As the 
network density increases, voids disappear and 
the total hop count decreases. Indeed, numerical 
experiment tends to confirm this since trust based 
algorithm avoid using perimeter routing and do 
not show similar behavior. 
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Figure 6. Path length after convergence 




The final remark is that our class of algorithms 
has a behavior closer to the optimum when the 
network density increases. 

Path Length 

The second criterion for path quality is the path 
length, evaluated as a sum of all intermediary 
Euclidean distances. This parameter is important 
for energy consumption evaluation, since energy 
is more or less proportional to the sum of squares 


of distances. Of course, to take advantage of the 
performance of trust based algorithms one still 
have to tune the energy of transmission accord¬ 
ing to the physical conditions. Figure 6 shows 
the median of the path length obtained by each 
of the algorithms. The x axis represents again the 
density of the network. 

One Step has better results than all the other 
algorithms in the same class. For high densities, all 
the ranking based algorithm have smaller average 
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Figure 7. Convergence time for ranking algorithms 




path length and their behaviors are similar. The 
path length decreases as the density of the network 
is increasing. Notably, for densities higher than 
20, they are less sensitive to the particularities 
of the network’s topology and the average path 
length is almost constant, as the density increases. 
However, the density of the network has a smaller 
impact on the ranking based algorithms than on 
GPSR. 


Convergence Time 

The convergence time, Figure 7 is also evaluated 
for different trust-based algorithms. The conver¬ 
gence condition is that all untrustworthy nodes are 
marked as non optimal. If the network configura¬ 
tion is static then our algorithm is convergent. 

While for lower densities, the performance 
of the three algorithms is different, they start to 
have the similar performances for high densities. 
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Figure 8. Untrustworthy nodes before convergence 




Additionally, for high densities, the convergence 
time increases significantly. 

The Bayesian with Interference algorithm has 
the highest convergence time. This was expected, 
since the state of the non optimal nodes influences 
the detection time for their neighbors. 

Influence of the WEIGHT Parameter on the 
Routing Performance 

The next set of simulations is provided to show 
the impact on the WEIGHT parameter on the 


performance of Algorithm 4 (Baysesian with 
inference trust update). The set of experiments 
are done with the parameter WEIGHT having 
the different values 0.1, 0.3, 0.5. The results are 
plotted with the labels propagl, propag2 and 
propag3 on Figure 9, 10, 11 and 12. Each set of 
experiments is conducted with the convex and 
the concave obstacles. 

The influence of neighbors’ reputation will 
increase the number of untrustworthy nodes. This 
is explained by the fact that some of the nodes 
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Figure 9. Hop distance after convergence 




at the edge of the untrustworthy area are having 
a small difference between the optimal and non 
optimal routing decisions. If the number of non 
optimal neighbors is significantly higher than of 
optimal ones, than they can determine a change 
in the state of the node. 

Hop Count 

First simulation results, Figure 9 present the aver¬ 
age hop distance in the vicinity of the obstacle. 
The first image represents the measurements for 


the convex obstacle, while the second represents 
the measurements for the concave one. The x 
axis represents the network density. The y axis 
represents the average number of hops traversed 
by the message. The results show little impact of 
the neighbors’ state on the hop count. 

Path Length 

Figure 10 shows the median of the path length 
obtained by each of the algorithms. The x axis 
represents again the density of the network. It 


293 







Efficient Obstacle Avoidance for Sensory Data Propagation in Wireless Systems 


Figure 10. Path length after convergence 



Network density 


shows little impact of the weighting factor on 
the path length. 

Convergence Time 

The convergence time, Figure 11 is also evalu¬ 
ated for different weight factors for the influence 
of the neighboring nodes. It is presented as the 
ratio between the real convergence time and the 
number of nodes in the network. It decreases 


with network density and with the value of the 
weight factor. 

Marked Area Size 

In Figure 12 we notice a decrease of number of 
non optimal nodes with the density. At the same 
time the percent of marked nodes decreases with 
the value of weight factor. 
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Figure 11. Convergence time for ranking algorithms 



Network density 


FUTURE RESEARCH DIRECTIONS 

The trust-based strategies presented in this chapter 
are used to find optimal path from many nodes 
to a single fixed destination. In the future, we are 
interested to investigate how such methods can 
adapt to the case where there are multiple destina¬ 
tions. In this case one trust value is not enough. 
Indeed, the optimality or non optimality of the 
nodes depends on the relative position of the nodes 


and the destination. The situation where the nodes 
can choose between many destinations is relevant 
from various points of view. Indeed, a classical 
scenario is that the destination is a particular node, 
called base station, collecting data from the vari¬ 
ous nodes composing the network. Having many 
such base stations helps in managing the network 
traffic and avoids overusing some nodes which are 
prone to act as relay because of their proximity to 
the base station. This further line of research links 
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Figure 12. Untrustworthy nodes before convergence 




with energy balanced algorithms. Basically, such 
algorithms try to balance the energy consumption 
due to routing data among the nodes. 

More generally, we feel that considering the 
all-to-all communication pattern is relevant. Even 
in the case where we have a fixed number of base 
stations, the all-to-all communication pattern al¬ 
lows for the mobility of the base stations. 

Another assumption was that the nodes are 
cooperative. In computing the trust value of the 
nodes we assume that the information provided 


by neighboring nodes is correct. Further work 
could deal with the security/fault tolerance of 
the algorithm and the impact of non collaborative 
entities in the network. 


CONCLUSION 

In this chapter, we present a class of algorithms, 
heuristically based, which significantly improve 
the performance of the geographic routing with 
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obstacle avoidance protocols. We introduce a 
new measure of the performance by considering 
the length of the routing paths. Generally, geo¬ 
graphic routing strategies focus on the guarantee 
of delivering the data. 

As the simulations show, the algorithms 
achieve better performances than the greedy 
perimeter stateless routing (GPSR) the reference 
protocol. The good performances can be observed 
after the paths converge to an optimum. The con¬ 
vergence time is an important factor, and again, 
our algorithms converge quite quickly. The quality 
of the path is not the only comparison criterion for 
the geographic routing algorithms. The overhead 
and the complexity of the algorithm are also im¬ 
portant factors that we consider and the proposed 
mechanisms comply with both requirements. 
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ENDNOTES 

1 In this chapter, we use the term overhead, 
or communication overhead, to refer to the 
number of messages needed for a node to 
implement an algorithm. 

2 In this chapter, we use complexity to refer 
to the computational resources that a node 
needs to implement the algorithm. Some¬ 
times, we distinguish between space and 
time complexity. 

3 Basically, the techniques which provide 
guarantee delivery turn round the obstacle by 
using the right (or left) hand rule. However, 
the heuristic does not prevent the messages 
to cycle in some pathological situations. For 
this reason, more sophisticated strategies 
are used which, applied to planar graphs, 
are proved to guarantee the delivery of the 
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Weakly stuck nodes are also simply called 
stuck nodes when the distinction between 
weakly and strongly stuck nodes is not 
relevant. 


We denote by nl, n2,... the first, the second, 
... nodes marked as non optimal. 
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ABSTRACT 

A grand challenge in Multi-Radio Wireless Mesh Networks (MR-WMN) is to limit the interference 
such that its net capacity increases without compromising scalability and stability. In this chapter, the 
authors first provide an insight into the implications of transmit power control (TPC) on the MR- WMN 
topology and QoS. In this regard, a review of some of the key work is carried out they then explore the 
approach of non-TPC based topology control schemes for limiting the interference in a static nodes 
based MR-WMN system that uses a distributed, light-weight, cooperative multiagents. A path reduc¬ 
tion (PR) algorithm is the principle behind our topology control scheme and its viability is explained 
through NetLogo tool based simulation results. The effectiveness of the PR algorithm is shown in terms 
of improved interference cost reduction and decrease in path length. The focus of this chapter is mainly 
on non-TPC approach rather than the TPC approach. 


INTRODUCTION 

A wireless mesh network (WMN) is a networking 
paradigm, which enables inexpensive peer wire- 

DOI: 10.4018/978-1 -61520-771 -8.ch012 


less network nodes to relay frames from one node 
to another by leveraging the broadcast nature of 
wireless medium. Essentially, WMN facilitates to 
cost-effectively and quickly extend a wired network 
by creating multiple topologically diversified wire¬ 
less connections between peer nodes. This feature 
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coupled with the dynamic reconfiguration of 
links, increases robustness. Mesh networks are 
very reliable and self-healing (Hossain & Leung, 
2007), i.e., the network can still operate even 
when a node breaks down or a specific link is not 
usable any more. A mesh network whose nodes 
are all connected to each other is known as a fully 
connected WMN. 

The drawback of a single radio mesh network 
is that the throughput of the link between each 
hop progressively decreases due to the co-channel 
interference (BelAir networks, 2006). As such, 
the core network considered in this chapter and 
shown in Figure 1 is a multi-radio wireless mesh 
network (MR-WMN) in which multi-radio nodes, 
which are also known as wireless routers, are used 
to result in a decrease of the interference between 
the channels of two adjacent routers (Mobileman, 
2005). In Figure 1 the multi-radio routers with an 
exclusive wireless connectivity are termed as cli¬ 
ent nodes. The root node in the mesh networking 
terminology is known as the mesh portal node. 
MR-WMN is used to facilitate broadband wireless 
connectivity to the heterogeneous access networks 
such as 2G/3G, PSTN, Cdma etc. In the MR-WMN 
node, we are considering multiple 802.11 based 
interfaces corresponding to the 802.11 radios in 
anode. The 802.11 radios are: 802.11a, 802.11b, 
802. llg. Each of the radio interfaces can com¬ 
municate with an interface of the same radio type 
by using a cha nn el within the frequency range of 
the radio type. The mesh nodes i.e. mesh routers 
which also have an access point functionality 
are termed as the mesh access point (MAP). 
The MAPs in Figure 1 essentially multi-hop the 
traffic to and from the access networks and the 
wired Internet. 

A self-organization (defined later in section on 
multi-agent systems) process that methodically 
allocates the channels to the MR-WMN nodes in 
the system facilitates to make the throughput of 
the links, as much as possible, less susceptible to 
the cha nn el interference. 


Transmit power control (TPC) has a bearing 
on the transmission range of the node’s radio. As 
such, it influences the physical distance of the 
link between the radios of two nodes. This leads 
to a topology control (TC) of the wireless mesh 
networks. The topology of a MR-WMN has a 
bearing on the overall system capacity and other 
Quality of Service (QoS) metrics viz. end-to-end 
packettransfer latency, jitter and throughput. TC is 
an extensively studied topic in the area of wireless 
telecommunication networks, particularly in the 
mobile ad hoc and sensor networks wherein energy 
is considered as a critical resource. Reference 
(Mobileman, 2005) informally defines TC as: 

The art of coordinating nodes decision regarding 
their transmitting ranges, in order to generate a 
network with the desired properties (e.g. connec¬ 
tivity) while reducing node energy consumption 
and/or increasing network capacity. 

There are two key reasons that motivate to 
have a proper TC in a MR-WMN. These are 
enumerated below: 

• The power used to transmit messages has 
a bearing on the amount of interference 
caused between two simultaneous trans¬ 
missions on the same channel within a 
common interference range. Limiting the 
amount of interference between cha nn els 
in the MR-WMN system is a major factor 
that contributes towards the gain in over¬ 
all network capacity. Ref (Santi, 2005) has 
shown that a decrease in interference hence 
a gain in network capacity is possible by 
communicating over short multi-hops be¬ 
tween the sender and receiver nodes. The 
purpose of topology control in this regard 
is to prune the MR-WMN so as to have 
only “capacity-efficient” links. 

• Generally, in an ad hoc and sensor net¬ 
works energy is a critical resource. Santi 
(2005) has shown that transmitting 
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Figure 1. Multi-Radio wireless mesh network (MR-WMN) infrastructure 





messages across short multi-hops between TC in the MR-WMN is highlighted in a separate 

the source and destination nodes is more sub-section of the background section. A sub¬ 
energy efficient than a direct transmission section on the influence of network management 

between the source and destination nodes. on TC is also included, which is followed by a 

The objective of TC here is to prune “en- sub-section on Multi-agent systems (MAS). We 

ergy inefficient” links in a MR-WMN and have discussed the concept of MAS because our 

thereby help to conserve energy resource MR-WMN infrastructure network is based on it. 

of the nodes. A sub-section on network initialization gives an 

overview of the schemes that we have used for 
The TC approaches of TPC and non-TPC as- a non-TPC based topology control. We have de- 

sume significance in the area of energy conserva- voted an entire section on our proposed non-TPC 

tion, interference reduction (capacity increase) and based approach that includes: description of the 

henceQoS improvement for MR-WMN. However, algorithms used, its pseudo code, implementation 

our work pertains to the non-TPC approach, as in NetLogo simulation tool and presentation and 
such the focus of this chapter is more on non-TPC discussion of performance evaluation results to 

approach rather than the TPC approach. show the effectiveness of our proposed non-TPC 

This chapter is organized as follows: In the approach, 
section on background, first a review of key work 
on TPC done in the literature is provided along 

with their shortcomings. The section also discusses B AC KG RO U N D 

the implications of TPC on topology control (TC) 

and hence QoS by explaining the advantages and Transmit power control (TPC) is a technique at 
disadvantages ofTPC. The dependence of QoS on the physical layer that regulates the signal trans- 
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mission power with the objective that the signal 
of the desired quality reaches the destination 
while causing mi nim a l interference to the other 
nodes. Minimizing interference level leads to a 
better QoS performance of the wireless networks. 
The measures for managing interference can be 
broadly classified as passive and active. The most 
common active measures directed towards reduc¬ 
ing interference include: TPC, efficient cha nn el 
assignment, i.e. allocation of the frequencies in 
the available spectrum, and re-transmission of a 
message signal when significant bit errors occur in 
the signal that can’t be corrected at the receiver. 

On the other hand, the passive measures such as 
signal encoding schemes used for error correction 
do not have a bearing on the interference directly; 
instead they decrease sensitivity to interference by 
increasing the transmission signal’s robustness. 

Literature Review 

In the Introduction section the influence of TPC 
on topology control was brought into perspective. 
To accomplish TC by means of TPC the most 
common approach is to reduce the transmission 
power. In the simplest theoretical approach for 
TPC in ad hoc and sensor networks all the nodes 
are assumed to have the same transmitting range 
r and the problem is to find the minimum value 
of r - the critical transmitting range (CTR) that 
assures selected network property/properties. 
The property that is most often selected is the 
connectivity and as such, the problem of CTR 
for connectivity is to find the mi nimum value of 
r such that resulting network is lully connected 
(Santi, 2005). 

COMPOW protocol developed in (Naraya- 
naswamy et al., 2002) represents an example of a 
CTR based protocol. It is implemented through a 
centralized algorithm in which main deficiencies 
are messaging overheads and a slow reaction on 
topology changes. Furthermore, the constraint of 
using common transmit power may force most 
of the network nodes to use unnecessary high 


transmit power. The analysis presented in (Santi, 
2005) indicates the characterization of the CTR, 
based on the idealizedpoint graph where the radio 
coverage area is the same. The assumption that 
all the nodes have the same r is not acceptable 
for many types of networks deployed in hetero¬ 
geneous radio in particular for MR-WMNs that 
we are concerned with. To address this issue, an 
approach of finding a separate transmitting range 
for each node has been developed. This method is 
known as the range assignment (RA) problem that 
was first time studied by Kirousis et al. (2000). 
It is important to note, in (Kirousis et. al., 2000) 
the path loss model is identical for all the network 
nodes, and the shadowing and fading effects are 
not considered (Santi, 2005). 

Informally, RA problem can be stated as the 
problem of finding a minimal nodes ’ range assign¬ 
ment that generates a fully connected network. 
Where mi ni mal RA indicates the lowest energy 
cost. The optimal solution for the RA problem 
for one-dimensional networks can be found in 
polynomial time (Kirousis et al., 2000). The same 
reference provides the proof of NP-hardness for 
the RA problem in three-dimensional networks. 
Furthermore, dementi et al. (dementi et al., 
1999) present the proof of NP-hardness of the 
same problem for two-dimensional networks. 
CLUSTERPOW proposed by Kawadia and Ku¬ 
mar (Kawadia and Kumar, 2003) is the protocol 
developed along the lines of the RA problem. 

Neighbor based topology control protocols 
rely on the nodes’ ability to classify its neighbors 
according to predefined or dynamically defined 
criteria such as link quality or distance. These 
protocols are always localized, distributed and 
asynchronous; thus have practical relevance in 
ad hoc and mesh networks. In addition, localized 
communication in such protocols enables their de¬ 
ployment on very large networks. KNeigh protocol 
introduced in (Blough et al., 2003) is a protocol 
based on distance to neighbors estimation. This 
protocol is simple, does not require high quality 
information and it is lightweight. However, in 
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Figure 2. Taxonomy of topology control techniques (Adapted from (Santi, 2005)) 


Topology Control 



worst case KNeigh does not preserve network • Non-Homogeneous Control - The nodes 

connectivity (Santi, 2005). can choose different transmitting ranges up 

XTC algorithm developed in (Wattenhofer & to the maximum range of transmission. 

Zollinger, 2004) is similar to Kneigh protocol i.e. it • Location Based - In location based TC ap¬ 
is simple and local. It does not assume the network proaches the location of the nodes is deter- 

graph to be a unit disk graph and proves correct on mined, which is then used either in a cen- 

general weighted network graphs. Furthermore, tralized or a distributed manner to evaluate 

it does not require availability of node position the optimal topology, 

information. Instead, XTC operates with a general • Direction based approach - In this ap- 

notion of order over the neighbors’ link qualities. proach the nodes do not know their loca- 

We consider this as an important feature; therefore tion but can estimate the relative direction 

have implemented it in our own approach. of their neighbors. 

The taxonomy of TC solutions discussed • Neighbor based approach - The nodes at 

above is summarized by means of Figure 2 (Santi, least have minimum information about 

2005). their neighbors such as: ID, link quality, 

Abrief description is given below for each ofthe and distance. This approach is generally 

boxes represented in Figure 2 .(Santi, 2005). useful for mobile ad hoc networks. 

• Homogenous topology Control - All the We state below the benefits and deficiencies 

network nodes must use the same transmit- of TPC with regards to TC. Specifically, we look 

ting range r and then the TC problem is to into two issues that arise: increase in transmission 

determine the Critical transmitting range path length and decrease in network throughput. 

(CTR). CTR has already been defined Some of the positive attributes of a reduction in 

above in this section. transmission power are: 
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The reduction of transmission power con¬ 
fines interference and consequently reduc¬ 
es collisions and retransmissions that occur 
for a media access layer (Burkhart et.al, 
2004). This is also true for MR-WMN, 
as MR-WMN are similar to the ad hoc 
networks considered by (Burkhart et.al, 
2004). 

As the energy required to transmit a mes¬ 
sage increases quadratically with distance 
i.e. link distance to the power of 4. This is 
valid for a realistic urban environment as 
it depends on the propagation model used. 
So from an energy conservation perspec¬ 
tive it seems preferable to replace longer 
links with multiple shorter links (Burkhart 
et.al., 2004). 

Some of the drawbacks of TPC are: 

As noted in (Kawadia and Kumar, 2003) 
a reduction in transmission power leads to 
longer paths with a larger number of hops, 
which may linearly increase end-to-end 
latency due to the packetization delay that 
occurs at each hop. 

TPC affects routing as the transmitter com¬ 
munication range depends on a transmit 
power used. Thus it is imperative to com¬ 
bine it with an appropriate reactive routing 
protocol (Kawadia and Kumar, 2003). 

An often neglected fact in the reviewed 
TPC literature is that the reduction of trans¬ 
mission power on a pair of nodes may still 
not result in an elimination of contention 
interference. This is due to a significant 
difference between communication range 
and carrier sensing range. 

Another shortcoming of a TPC based solu¬ 
tion is an overall increase in complexity of 
network management due to an additional 
parameter (transmission power) that has to 
be assigned to each radio transmitter. 


In the literature that we have reviewed, a 
relationship between the power mechanism con¬ 
tributed by TPC and a QoS metric i.e. network 
throughput is often neglected or just partially 
analyzed. A notable example of a more compre¬ 
hensive approach that studies the effect of TPC 
on a network throughput is provided in (Park & 
Sivakumar, 2002) In this reference, the authors 
analyze the implicit assumption that the optimal 
throughput performance in ad-hoc networks can 
be achieved by using the minimum transmit power 
required to keep the network connected. 

Authors in (Park & Sivakumar, 2002) conclude 
that such an assumption remains valid only under 
certain circumstances, specifically in networks 
with very high node densities. This is the case in 
a small number of real-world wireless network 
deployments. Furthermore, in this case the reduc¬ 
tion of transmi s sion power leads to a drop in signal 
to noise plus interference ratio (SNIR), which as 
a consequence can often lead to the selection of 
more robust and slower modulation scheme. Es¬ 
sentially, the use of a TPC control willfrequently 
lead to a reduction in network throughput. 

The advantages and disadvantages of transmis¬ 
sion power reduction are summarized by means 
of Figure 3. 

A co-relationship between the TPC and TC is 
provided in (Marina & Das, 2005). The authors 
extend the definition of TC on all configurable 
parameters of a link. They consider transmission 
power, bitrate, frequency band/channelandbeam 
direction (if beam forming or directional anten¬ 
nas are used) as being all parts of a TC problem. 
Although, this formulation at first seems to be too 
broad but after a careful analysis, we were able 
to verify its correctness. 

An appropriate example can be provided by 
analyzing the influence of a link data rate, which is 
considered as an unrelated parameter to a network 
topology. It is easy to imagine a simple scenario 
where, because of the increased interference, the 
data rate on specific link is reduced. This leads 
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Figure 3. Effects of transmit power reduction, + indicates advantages and- the disadvantages (Adapted 
from (Sand, 2005)) 
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to congestion and packet loss. To address this is¬ 
sue an additional li nk or links have to be created 
to satisfy throughput requirements between two 
segments of the network. In other words, the net¬ 
work topology has to be changed. Although, the 
relationship is not explicit however, it is evident 
from this example that parameters other than the 
trans mi ssion power may influence topology and 
thus have to be considered as parameters relevant 
for the TC. 

QoS in a MR-WMN - Motivation 
and Dependence 

The importance ofhaving Quality of Service (QoS) 
in MR-WMN is made clear from the following 
example (Santi, 2005) Consider a MR-WMN 
scenario in which the fast notification of an ab¬ 
normal detected event to the external user is vital 
such as in the case of intrusion detection, or to 
monitor nuclear plants. The QoS requirement of 
the network in this example is a guarantee on the 
delivery time of the alarm message to the gateway 
node. Whatis the optimal network topology and/or 
routing strategy in this context? This depends on 
features such as expected node density, expected 
traffic pattern etc. 


A great deal of attention has been devoted to 
the identification of efficient network topologies, 
with a particular emphasis on energy efficiency. 
However, a common approach in the literature 
(Santi, 2005) is to consider the TC problem as a 
stand-alone problem, which is analyzed and solved 
from a graph-theoretic perspective. This type of 
approach has resulted in the message conveyed 
by current TC literature: the sparser the network 
topology, the better (provided certain spanning 
properties of the graph are satisfied). 

QoS requirements in a MR-WMN is dependent 
upon routing and resource management control. 
Specifically, the QoS measures, such as delay 
bounds, throughput, jitter depends on the: 

• Quality of the chosen route. 

• The use of a MAC that can support QoS 
for different types of traffic. 

• Robustness of the MAC to support suc¬ 
cessful transmission of packets under high 
mobility and/or heavy load cases. 

The aim of a routing protocol in a MR-WMN 
is to transfer the packets between the source and 
the destinations while ensuring low latency and 
a high network capacity. This aim of the routing 
protocol can be met if it can (Aggelou, 2009): 
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• Estimate the network flows. 

• Determine the network topology. 

• Determine the information about the re¬ 
sidual capacity of li nks . 

The routing protocol can be made capable of 
knowing the above listed factors if some degree 
of QoS support is incorporated in the routing 
protocol. In addition, the routing protocol should 
be coupled with mechanism s that can predict the 
future state of the network such as links going 
down. This would enable the network to seam¬ 
lessly provide the servers and/or clients with the 
agreed on services. The efficiency as well as the 
performance of the application can be further 
improved if the timing of the links going down 
can be predicted as well. 

In this regard, (Aggelou, 2009) has proposed a 
methodology to determine the network disconnec¬ 
tion and to estimate the future connectivity states 
of a time-varying topology. The methodology is 
based on self-learning techniques in pattern recog¬ 
nition practices and the theory of time-series. To 
explain this further the mechanism first identifies 
the location of the mobile nodes and then uses this 
information to quantitatively model the topology 
changes. Following this, a time series-based clas¬ 
sifier derives statistical data on future network 
connectivity states (Aggelou, 2009). 

Network Management and 
Topology Control 

The telecommunication management networks 
(TMN) standards have been successfully used 
in the management of circuit-switched and IP 
based wireline networks. While the TMN models 
provide valuable abstractions for managing any 
type of network, some aspects important for ad- 
hoc as well as wireless mesh networks pertaining 
to network management have not been addressed 
by these models or by other network manage¬ 
ment systems in use. The critical deficiency of 
these models is the lack of automation in network 


management that dynamically address specific is¬ 
sues in MR-WMN. This is important because the 
characteristics of MR-WMN, such as fluctuations 
in throughput requirements and the interference 
on a radio channel, demand frequent network 
reconfiguration and rigorous monitoring. 

Considering the network management para¬ 
digm, we can distinguish two functions of the 
proposed system: 

1. Flexible autonomous monitoring that affects 
all aspects of network management 

2. Adaptation that affects operation and 
maintenance. 

The autonomous monitoring represents a base 
of the feedback loop that is created to enable reac¬ 
tive and proactive network management activi¬ 
ties. The activities of the monitoring system in a 
MR-WMN can also be classified as passive and 
active', where passive activities are not consuming 
the network capacity, i.e., do not involve transmis¬ 
sion, and active activities require transmission, 
thus consume network capacity. 

Due to limited resources in MR-WMNs its 
monitoring system should be highly flexible. 
In other words, it should be able to reduce the 
frequency of active monitoring in the case of the 
adverse radio channel and other similar condi¬ 
tions. The capacity preserved by such flexibility 
should result in an extended operating region for 
MR-WMN. Similarly, since wireless cha nn el con¬ 
ditions ca nn ot be predicted adequately, manage¬ 
ment functionality must be able to swiftly react to 
information provided by monitoring. For example, 
if the amount of available network capacity drops 
suddenly, e.g., due to node failure, increased 
demand from users or weather deterioration, the 
management system needs to adapt the network 
topology to new conditions by creating new virtual 
links, changing channels, and accordingly optimiz¬ 
ing network paths. By virtual link, we mean that a 
certain fraction of bandwidth is reserved on each 


311 



TPC and Non-TPC Based Topology Control Approaches for QoS Improvement in MR-WMN 


channel for network management purposes rather 
than reserving one exclusive cha nn el. 

This adaptation process, from the network man¬ 
agement perspective, represents the operations 
management because it is keeping the network and 
the services that the network provides available. 
In comparison to different routing schemes the 
distinctive feature of this approach is the chan¬ 
nel assignment and the TC that can be achieved 
through it. Other implemented techniques like 
link quality assessment or interference awareness 
are present in some wireless routing schemes, 
although in somewhat limited extent. 

Conversely, provisioning, another class of 
network management concerned with configuring 
resources in the network to support a given service, 
is of a secondary interest in this chapter. Herein, 
we limit its scope to address the provisioning only 
in the form of a load balancing. This comprises of 
assigning specific radio cha nn els to node’s inter¬ 
faces, thus adapting topology so required amount 
of data throughput is available on certain li nks . 
The actions that facilitate this are focused on the 
reduction of interference and/or path lengths, and 
the circumvention of failed links. 

The objective of network monitoring com¬ 
bined with corrective and preventive measures, 
such as adjusting configuration parameters of 
wireless interfaces, is maintenance. The network 
maintenance is also concerned with performing 
repairs and upgrades. In our context this means 
discovering situations when equipment must be 
replaced, and when a network is expanded with 
additional routers. 

Multiagent Systems (MAS) 

The heterogeneous field of multiagent systems 
(MAS) has its roots in distributed problem solving 
in Artificial Intelligence (AI). In the mid-eighties 
it emerged as a distinctive discipline (Kim et 
al., 2006) and since then has been under prolific 
development. During this period a number of 
theoretical frameworks based on different per¬ 


spectives such as sociological, AI, and economic, 
have been developed. 

A. What is an Intelligent Agent? 

In this chapter, we will adhere to the following 
definition provided in (Weiss, 1999, Wooldridge, 
2002 ). 

An agent is a computer system that is situ¬ 
ated in some environment, and that is capable of 
autonomous action in this environment in order 
to meet its design objectives. 

Agents embody a strong sense of autonomy; 
i.e., agents are able to act without the interven¬ 
tion of humans or other systems; they have 
control over their own internal state as well as 
over their behavior. The intelligent behavior of 
an agent emerges from interactions of various 
simple behaviors and results with agent’s overall 
flexibility (Kim et al., 2006). Now that we know 
what an intelligent agent is, we give below an 
overview of a Multiagent system (MAS) as our 
MR-WMN architecture of Figure 1 is based on a 
lightweight MAS. 

B. What is a Multiagent System? 

Generally, we can define a MAS as a system that 
consists of multiple interacting intelligent agents. 
MAS exhibits high flexibility since agents can join 
and leave the system at any stage. However the 
flexibility is not free, its cost might be in additional 
resources or increase in the overall complexity and 
reduced maintainability of the system as well as 
the induction of periods of instability. 

In this chapter, we are particularly interested 
in lightweight multiagent systems, also known as 
collectives. Some authors (e.g. Larman and Gal- 
styan in (Turner and Wolpert, 2004)) differentiate 
collectives and MAS by its constituents’ ability 
to deliberate; where agents in a MAS are able to 
deliberate and agents in a collective are not. It 
is generally considered that a collective consist 
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of less sophisticated agents or agents exhibiting 
lesser degree of complexity. 

Two central terms to the paradigm of collectives 
are emergence andself-organization. In particular, 
we are interested in the term self-organization 
because our MR-WMN architecture makes use 
of a self-organization algorithm proposed in 
(Mirchandani et. al., Oct 2007) for Intereference 
cost reduction (ICR). This algorithm is briefly 
explained as part of the section on Network Ini¬ 
tialization. 

Both the terms i.e. emergence and self orga¬ 
nization are used often, sometimes as synonyms, 
but rarely clearly defined. Thus, we have adopted 
definitions from (De Wolf and Holvoet, 2005): 

The essence of emergence is the existence of 
a global behavior that is novel with respect to the 
constituentparts ofthe system. Inotherwords, the 
global behavior cannot simply be traced back to 
individual parts (Crutchfield, 1993; Crutchfield, 
1994; Holland, 1998). 

Self-organizationis a dynamical and adaptive 
process where systems acquire and maintain struc¬ 
ture themselves, without external control. Where 
‘ structure’ can be a spatial, temporal or functional 
structure, and ‘no external control’ refers to the 
absence of direction, manipulation, interference, 
pressures or involvement from outside the system 
(Haken, 2000, Shalizi, 2001). 

The desired features for the MAS in order of 
priority are: 

• Stable- Stability is a particularly impor¬ 
tant feature of any distributed system. 
Specifically, interactions between differ¬ 
ent feedback loops in a MAS are known to 
cause stability issues. 

• Scalable- Its functioning should be as inde¬ 
pendent of the number of nodes involved. 

• Lightweight- It is not demanding on com¬ 
putational and memory resources, so it can 
function on low cost devices. 


• Simple- It should be simple to incor¬ 
porate and test new algorithms for the 
architecture. 

Our MR-WMN architecture incorporates the 
above listed attributes of a MAS. 


PROPOSED NON-TPC APPROACH 

In the following sections, we systematically dis¬ 
cuss our Non-TPC based TC approach. We start 
off with Literature review and an explanation of 
Network initialization, which also forms an im¬ 
portant precursor to the proposed PR algorithms 
for TC in our non-TPC based approach. 

Literature Review 

We focus in this section on the non-TPC based ap¬ 
proach for TC, which is also based on the cha nn el 
assignment process in a MR-WMN. Specifically, 
we examine the literature in terms of performance, 
complexity, scalability and stability of WMN. 

The work of (Ko and Rubenstein, 2003) spe¬ 
cifically targets the cha nn el assignment problem 
on WMN. Authors have adopted their theoretical 
work in (Ko and Rubenstein, 2003) and created 
a self-stabilizing distributed protocol and an al¬ 
gorithm for channel assignment. 

The method of (Ko and Rubenstein, 2003) 
assumes that the interference is symmetric and 
is based on an interference range of three hops. 
Their method results in improvements of only 
20% compared to random channel assignment. In 
reality, most of the times interference will be asym¬ 
metric because neighboring node interface may 
transmit on the same channel at different powers. 
In contrast, a better proposal would not assume 
symmetric interference and would not require a 
dedicated channel for frequency co-ordination, 
which is a significant advantage. Further the in¬ 
terference cost function in (Ko and Rubenstein, 
2003) has not been justified i.e. the cost function 
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has not been based on an interference model. The 
other main limitation of their proposal, as well as 
the one by (Raniwala and Chiueh, 2004) is the 
usage of a common cha nn el on each node for the 
management of channel assignment. We believe 
that his approach should be avoided because it 
can be wasteful of bandwidth and imposes severe 
limitations on network capacity especially when 
nodes have only two interfaces. Furthermore, a 
strong source of interference on the frequency 
that is used for the coordination of channels can 
render the throughput of parts or the whole net¬ 
work unsatisfactory. 

In (Jain et.al., 2003), contrary to previous 
findings, authors state that the addition of new 
nodes can actually improve a per-node throughput 
because the richer connectivity provides increased 
opportunities for routing around interference 
“hotspots” in the network that offsets the increase 
in traffic load caused by the new nodes. They 
explain this by the fact that previous research has 
been done under the assumption that nodes always 
have data to send and are ready to transmit as fast 
as their wireless connection will allow. However, 
in realistic settings, sources tend to be bursty, so 
nodes on an average transmit at a slower rate than 
the speed of their wireless li nk . 

In (Jainetal., 2003) authors use liner program¬ 
ming to model maximum achievable flowbetween 
the source and destination in absence of wireless 
interference and heuristics to obtain lower and 
upper bounds on the throughput. Also, they avoid 
making assumptions about the homogeneity of 
nodes with regards to radio range or other char¬ 
acteristics as well as regularity in communication 
patterns. The conclusion from the work in (Jain 
et.al., 2003), was that neither multi-path routing 
nor doubling the range of the radio increases 
cumulative throughput. On the other hand, by 
using two channels instead of one, the network 
may achieve the maximum possible throughput. 
Scenarios provided in (Jain et.al., 2003) illustrate 
that the model they have developed could be a 
useful tool for analysis and capacity planning in 


wireless multi-hop networks. However, we believe 
that their model suffers from oversimplification. 
Although valid theoretical capacity bounds can 
be produced most of real world deployments 
are more complex - that involve neighboring or 
co-located networks with unknown interference 
characteristic. Consequently in realistic circum¬ 
stances we can not simply obtain information 
that has to be fed into the proposed model and 
the capacity predicted by the model and in reality 
may vary significantly. 

In (Leung and Kim, 2003) the authors have 
deployed heuristics that is based on interference 
measurements. Still, they do not define a threshold 
value range and a mechanism to keep a cha nn el 
change under control. This may result in an infinite 
loop of channel changes that is caused by a slight 
variation in noise or by cyclical interference. Fur¬ 
thermore, it is not clear how much time (steps) the 
algorithm needs to achieve acceptable results as 
well if it can cope with dynamic environment. 

Raniwala and Chiueh, (2004) considers a 
combined solution for channel assignment and 
routing issues in (Raniwala and Chiueh, 2005) 
and extend their previous proposal with the usage 
of a virtual control network instead of dedicated 
interface-channel on each router. In other words 
this means that certain fraction of bandwidth is 
used on each channel for channel assignment and 
other managementpurposes rather than dedicating 
one exclusive cha nn el. Their work contains care¬ 
ful analysis of all aspects of resource allocation 
problems relevant for 802.11 based WMN. 

In (Subramanian, 2005) authors propose the 
usage of partially overlapping channels. Their 
interference model is theoretically based on a 
conflict graph and the interference data is acquired 
through the measurement of link pair interference. 
Subramanian, (2005) uses integer linear program¬ 
ming to obtain bounds of optimal solution and 
evaluate the proposed algorithm. 

Kyasanur and Vaidya, (2005) approachis based 
on the assumption that an interface can dynami¬ 
cally switch over from one cha nn el to another. 
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They present a distributed interface hybrid assign¬ 
ment strategy and their routing strategy selects 
routes that have low switching and diversity cost. 
However, a coordination protocol is required to 
assign the channels to fixed channels in the hybrid 
nodes i.e. nodes having an interface assigned 
with fixed channel and the other interfaces with 
switchable cha nn els. 

Raniwala and Chiueh, (2004) also propose a 
load aware based cha nn el assignment. Although 
the work presented in their paper is of a good value 
but it assumes a centralized method for channel 
assignment, which also needs to keep track of the 
load in different parts of the WMN. Their work 
is thus not scalable. However, they have shown a 
circular dependency between channel assignment, 
load on each link and routing. 

In (Ramachandran et. al., 2006) the authors 
base interference estimate on the number of 
interfering radios on each cha nn el supported by 
each router. An interfering radio is defined as a 
simultaneously operating radio that is visible to a 
router but external to the mesh. A visible radio is 
one whose packet(s) pass frame check sequence 
(FCS) checks and are therefore correctly received. 
However, this method is incomplete since it ne¬ 
glects interference caused by transmissions that 
are too weak for the signal to be decoded but still 
result with degradation of SNR on particular link. 
The other main drawback of last two proposals 
is the scalability since centralized algorithms are 
used. However, both proposals motivate further in¬ 
vestigation since they indicate a 40% performance 
gains in comparison to static assignment. 

Network Initialization 

The objective of the network initialization is to 
connect all wireless nodes to portal nodes. The 
priority of this goal is always 100% connectivity. 
This is because we expect a node to be connected 
to a portal node to be able to attempt achieving 
any other goal, e.g., a load optimization or an 
interference reduction. In the mesh networking 


terminology, portal node is the root node, which 
is illustrated in Figure 1. 

In addition to basic methods and functions, we 
use an interference cost reduction (ICR) algorithm 
(Self-organization algorithm) outlined later that 
ensures that no two interfaces belonging to a single 
node are assigned with the same channel. This 
procedure is carried out to avoid an increase in 
interference and consequent reduction in network 
capacity. Thus, whenever an interface changes 
channel this algorithm is invoked. 

Initialisation in A MR-WMN 
Infrastructure Network 

Initialization process is an important element of a 
non-TPC based power saving approach. It results 
in a topology control (TC) of the MR-WMN by 
way of spatial distribution of connectivity between 
the mesh nodes. The term initialization process 
herein refers to the way by which the multi-radio 
router nodes are selected to establish wireless 
connectivity at start up of the MR-WMN system. 
In (Prodan et. al., 2008), we had introduced the 
concept of a non-TPC based TC achieved by 
means of sequential and random initialization 
based schemes. 

The sequential initialization process involves 
the construction of spanning trees in the MR- 
WMN from each of the mesh portal node. The 
nodes of spanning tree, we termed them as seed 
nodes, which create a cluster of connected nodes 
around itself. These seed nodes are selected so as 
to cover wide spread regions in the MR-WMN 
and hence facilitate maximum connectivity. The 
network operator could also use the spanning 
trees in the MR-WMN for network management 
purposes. 

The drawbacks of sequential algorithm are 
that: 

• It results in a higher number of links be¬ 
tween adjacent nodes. Consequently, low 
spatial diversity of the links between the 
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neighboring nodes causes a higher level 
of cha nn el interference amongst the node 
clusters. 

• It does not ensure a higher number of links 
between the mesh portal nodes and the 
neighboring nodes. As mesh portal nodes 
carry the overall aggregate traffic of the 
WMN to the wired Internet therefore a 
high degree of connectivity to the mesh 
portal nodes is vital. 

After realizing the drawbacks ofthe sequential 
algorithm, we proposed an improved initialization 
process that we termed as random initialization 
process. Each of the nodes in the WMN performs 
the random initialization process asynchronously 
and autonomously depending on its internal state 
such as busy, idle, etc. Note: Even if all the nodes 
are in the same internal state it will still be limited 
by the inherent half duplex nature of the 802.11 
protocol. The random initialization algorithm 
operates along the following steps: 

The node, which wants to establish link con¬ 
nectivity with the neighboring nodes, we term it 
as the link creator (LC) node. 

• The LC node randomly selects one of the 
neighboring node’s interfaces. 

• The LC node then creates a connectivity 
with the selected interface of the neighbor¬ 
ing node. 

• A blocking process described (Prodan et. 
al., 2008) is used by the selected node to 
prevent it from participating in forming a 
connectivity with some other LC node(s); 
it is important to bear in mind that the con¬ 
nectivity formation in random initialization 
occurs autonomously and asynchronously. 

A comparative study of the impact of random 
and sequential initialization algorithms on the 
performance of our self-organization process is 
given in (Mirchandani et. al., Oct 2007). 


ICR Algorithm (Self- 
Organization Algorithm) 

We give here an overview of our ICR algorithm 
(Mirchandani et. al., Oct 2007) that is used in the 
Results section. 

The ICR algorithm has 3 steps (1) Initialisa¬ 
tion (3) Proactive logic and (3) Reactive logic. 
During the initialisation phase, connectivity is 
formed between two node interfaces by selectively 
considering the frequency at which the highest 
value of SNIR is obtained. 

The proactive logic starts operating in response 
to trigger criteria (Mirchandani et. al., Oct 2007) 
that indicates to the node that the measured link 
performance for one of its node interface is 
lower than the expected performance. During 
this phase the node interface measures the sum of 
non-symmetrical interference cost function for a 
frequency say f r If this is below a threshold range 
then fj is assigned to the node interface for which 
the proactive logic was initiated otherwise the 
process is repeated until the sum of interference 
cost function is below a threshold range. 

The reactive logic is concerned dealing with 
unexpected changes in the agent’s environment. 
The aim of our reactive module is simply to restore 
communication to a workable level that may be 
substantially sub-optimal. 

Impact on Network Management 

In the sub-section onNetworkmanagement earlier 
in the chapter, we had outlined some of the tech¬ 
niques by which network management could be 
carried out in a MR-WMN. In this sub-section, we 
briefly state the ways in which the performance of 
networkmanagementprocess inaMR-WMN can 
be affected due to the initialization and/or the ICR 
algorithm. The impact will be in terms of: 

• The topology created, which will influence 
the speed of dissemination of network 
management information 


316 



TPC and Non-TPC Based Topology Control Approaches for QoS Improvement in MR-WMN 


• Reliability of reaching all the concerned 
nodes. This will also depend on if a dedi¬ 
cated cha nn el is used between the nodes 
for network management purposes or a 
virtual link is created. Virtual link was de¬ 
fined earlier in the chapter in the section on 
Network management. 

• Efficiency of the ICR algorithm in allevi¬ 
ating interference and the reliability of the 
connection formed during initialization 
process will have an impact on the fre¬ 
quency of repeating network management 
information. A high repetition frequency 
of transferring network management infor¬ 
mation will lead to the consumption of ad¬ 
ditional capacity, which will essentially af¬ 
fect the performance of non-management 
services. 

• Flexibility in accommodating new nodes. 

• Availability of the system in case of out¬ 
ages of a link or node. 

• Frequency of network monitoring. 

The above listed factors will also be influenced 
by the implementation technique of network man¬ 
agement in the MR-WMN system, which could be 
either centralized or decentralized (distributed). 

The benefits of centralization depend on the: 

• Character of the network, 

• The types of services being carried, 

• The penalty for outages. 

• The requirement for, and availability of 

trained people to administer the system at 
remote locations 

• Nature of the organization that owns the 
network. 

When diagnosing problem requires informa¬ 
tion to be gathered and analyzed on a central point, 
the centralization can be justified as usually the 
most effective method of managing a network. 
Furthermore, communication overhead associated 
with the centralized management, and a delayed 


reaction caused by it, is not significant in simple 
wireline networks since they have high data 
throughput, low loss, and do not require frequent 
changes of network parameters. In contrast, wire¬ 
less media has limited bandwidth and is much 
less reliable, so we think that the management of 
a MR-WMN should be distributed. 

Proposed Non-TPC Approach - 
Issues, Solutions & Results 

MR-WMN that is considered in our work (refer 
Figure l)isan infrastructure networki.e. the nodes 
are static and have access to a permanent power 
source. The current work in sensor networks fo¬ 
cuses on power consumption because sensors are 
standalone devices that run on batteries. Whereas, 
in our work, we are not using sensor networks, 
thus energy conservation is not of concern but the 
effect of interference on the network throughput 
is the most important performance factor. Other 
important factors that we focus on in our work 
are quality and length of the paths that packets 
traverse by moving between portal and client 
nodes. The length of the path is measured in hops 
and the probability of a packet reaching destina¬ 
tion is dependant on quality of each link on the 
path. Furthermore, it has to be considered that 
TPC affects packet end-to-end latency. In view 
of all this the TC in MR-WMN can be defined 
as a trade-off between network connectivity (in 
particular multi-hop path length and link quality) 
and interference reduction. 

As part of our further study, we have identified 
the need to improve on the concept of TC in addi¬ 
tion to that already discussed in (Mirchandani et. 
al., Aug 2007). This could be possible by means 
of suitable algorithms to increase the number of 
shortest paths between the client nodes and the 
portal nodes. 

Furthermore in (Prodan et. al., 2008), we have 
investigated through our research that the distribu¬ 
tion of shortest paths from the client to the portal 
nodes is very uneven, which motivates the need for 
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Figure 4. Frequency distribution of the path length (in hops) without and with link substitution algorithm 
plus 10 additional links for 100 node network density 



the above stated algorithms. Such a TC coupled 
with an algorithm that evenly distributes the client 
nodes amongst the available portal nodes would 
result in a noticeable increase of the overall WMN 
capacity. We base this anticipated outcome on 
the simplistic preliminary premise that the client 
nodes generate the traffic load evenly. 

Link Substitution and 
Addition Algorithms 

Our preliminary algorithm for path reduction 
(PR) consists of two separate mechanisms: (i) link 
substitution and (ii) link addition. It is important 
to note that both of these mechanisms can be trig¬ 
gered only when the path length to portal nodes is 
known. Furthermore, these mechanisms rely on 
node blocking, self-blocking and interference cost 
measurement techniques, which are discussed in 
our earlier work (Mirchandani et. al., Aug 2007). 
The first mechani s m enables a node to initiate 
a link substitution whenever it discovers a free 
radio interface in the transmission range that can 
provide a shorter path link. This is a preferred 
mechanism for PR as it can be deployed in a way 
that does not result in an increase of the overall 
interference. 


The second mechanism used for preliminary 
PR algorithm is link addition Similar to link sub¬ 
stitution mechanism, a node looks for available 
radio interfaces only this time additional links are 
created so that the resulting additional paths are 
shorter. However, this approach almost always 
results in an increase of the overall interference 
and thus care has to be taken that the benefit of PR 
is not compromised by an increase of interference. 
For this purpose, we use it only in conjunction 
with interference cost measurements. 

In Figure 4, the comparison of path lengths 
with and without link substitution is shown. From 
Figure 4, we can observe that our method signifi¬ 
cantly reduces path length by eliminating longer 
paths - maximum path length is 8 with the link 
substitution and 14 without it. This method also 
increases the number of shortest paths such as 2 
and 3 hops long. It is emphasized here that these 
results are independent of a mesh topology of 100 
node density in which 50 links are substituted and 
10 links are additional. Our experiments also found 
that the link substitution process has no effect on 
interference cost (IC) or ICR algorithm discussed 
in (Prodan et. al., 2008) as well as briefly above 
in this section. 
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Enhanced Topology Control 

In this section, we explain our non-TPC based 
enhanced algorithm for TC in wireless mesh 
networks through its implementation in a multi¬ 
agent simulation tool called NetLogo. Results are 
also provided to show that the enhanced algorithm 
provides significant path and interference cost re¬ 
ductions in a MR-WMN system. As the enhanced 
algorithm for TC is implemented in NetLogo, we 
first provide a concise overview of NetLogo. 

Netlogo 

NetLogo (Netlogo website, 2007) is a cross¬ 
platform, multi-agent programmable modelling 
environment used for simulating natural and social 
phenomena. The primary purpose ofNetLogo tool 
has been to provide a higher-level platform that 
allows modellers to build and leam from simple 
agent-based models (ABM). 

Motivation for using NetLogo 

To evaluate the TC approaches discussed above, 
we had created and used a Java framework. This 
was also used to carry out a feasibility study of 
the self-organization algorithm that we proposed 
in (Prodan et. al., 2008). However, it soon became 
apparent that building and modifying algorithms 
within the existing framework was getting tedious 
due to the complexity of the tasks related to the 
integration of additional distributed algorithms 
(e.g. topology control algorithms) into an essen¬ 
tially sequential framework. 

The approach of a multi-agent, multi-threaded 
simulation environment offered by NetLogo is 
very significant as it corresponds more realistically 
to the natural representation of a self-organization 
system. Though it was complex to create an 
implementation of our self-organization scheme 
for MR-WMN (Prodan et. ah, 2008), its main 
benefit has been that it now enables us to improve, 
extend and test the algorithms interactively with 
considerably less programming. We have built a 
model for wireless cha nn el assignment scheme 


for multi-radio mesh networks (MR-WMN) as 
proposed in (Prodan et. ah, 2008) by using Net- 
Logo tool, which is essentially consistent with the 
model built in Java framework earlier. 

Topology Control Algorithms implementation 
in NetLogo 

The NetLogo implementation of our enhanced 
topology control algorithm for MR-WMN system 
that results in a non-TPC based topology control 
leverages the functionalities offered by NetLogo 
tool. Its logic however is independent of any 
simulations tool. 

Our enhanced topology control process is com¬ 
posed of two independent algorithms- (i) Portal 
first and (ii) new PR algorithm which is based 
on link substitution. We have only given a wider 
scope of our algorithm rather than describing the 
details of its operation. 

Portal First 

As a matter of fundamental principle in a MR- 
WMN system the portal nodes are not linked with 
other portal nodes however each portal node is 
li nk ed to its neighbouring client node until all its 
radio interfaces are exhausted. In our algorithm 
implementation in NetLogo, we achieve this by 
making use of blockFree and blockBusy node at¬ 
tributes. In this algorithm the initialisation process 
ensures that the portal nodes first form connectivity 
with their neighbouring client nodes subsequent 
to which the connectivity is formed in the rest of 
the MR-WMN. As such, this algorithm is termed 
portal first (PF). 

New Path Reduction Algorithm 

Earlier in this section, we have explained our 
PR algorithm, which essentially consists of two 
separate mechanism s : (i) link substitution and 
(ii) link addition. Our new PR algorithm differs 
from our previously explained PR algorithm in 
the following ways: 
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• In our new PR algorithm only link substi¬ 
tution method is used which makes it dif¬ 
ferent from our previous PR algorithm, 
discussed earlier in this section in which 
link substitution is used along with link 
addition. 

• Another distinction is that previously, we 
selected only those substituted links that 
would not increase the interference cost 
(IC), whereas in the current algorithm, we 
include substituted links irrespective of 
their effect on the IC. 

The general steps involved in the operation of 

the new PR algorithm are: 

• Selection by the creator (initiator) node of 
one of its available radio interfaces on the 
basis of strongest transmission power 

• The selected interface creates a list of 
available interfaces in its co mm unication 
range; 

• From amongst these interfaces the inter¬ 
faces that have a path length to the portal 
node longer than the current shortest path 
are filtered out. 


• The remaining ones are short listed and 
the available interface from amongst these 
that offers the best SNIR is selected, the 
new li nk between the two interfaces is cre¬ 
ated and the previous shortest path link is 
switched off and their interface’s opera¬ 
tional attributes are reset to their default 
values. 

• This process occurs simultaneously across 
the MR-WMN system. 

We reiterate here that the process described 
above just gives a gist of operation and does not 
explain the various decisions that may need to be 
taken based on specific situations in the detailed 
algorithm. 

Link Substitution Algorithm- Pseudo Code 

In the presented pseudo-code (refer Figure 5) 
for link substitution, which is part of our new PR 
algorithm in enhanced TC, use is made of two 
node attributes - blockBusy and blockFree. The 
blockBusy parameter value is set to be non-zero 
when a node is engaged in an activity, such as 
creating a link or taking part in a measurement 
process. This signifies that the node can neither 


Figure 5. Pseudo code for link substitution in new PR algorithm 


For node n x e N select one of its interfaces /, 
that is free and has the strongest signal of all 
its free interfaces; 
if/, = ^ 

for n, set blockFree <— be; 
end; 

else 

set blockBusy <— be', 
set I *— communicalionRange(ix, I) ; 
if/ /w =0 

endAction. 

set i y <— bestSNRflfr,*) 
ifi>=« 

endAction. 

hj, *— createLink(ix, iy) 

for n x linkCounter linkSubCounter + I; 

remove (l, t ); 

reset (i u . I,); 

set p *— newShortestPath(n x ) 


N a set of all nodes 

/ a set of all interfaces 

L a set of all links 

if,„ a subset of interfaces 

/, an available interface. 

n, a node which contains /,. 

iy an available interface. 

tty a node which contains 

4 an interface with shortest path on n, 

n, a node that contains 4. 

/« an interface on h. that is linked to /„ 
p a shortest path for a n, 

l I Ur a link between 4 and i, 
be' a blocking constant 

endAction 

forn, 

set blockBusy <— 0; 

set blockFree «— be; 
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initiate an action nor participate in an action. 
Whereas, if the blockFree parameter has a non¬ 
zero value it means that the node can not initiate 
an action but is free to participate in actions initi¬ 
ated by other nodes. 

The routines in the above pseudo-code are 
briefly explained below: 

• shortestPath(p, interface, set of interfaces) 

This function selects a set of interfaces that 
has a shortest path from the interface to the set of 
interfaces. If the path between the interface with a 
shortest path and the interface is not shorter than 
path p the function returns 0 . Otherwise it returns 
a set of interfaces with a shortest path. 

• bestSNR(set of interfaces) 

This function selects an interface with a best 
SNIR from the set of interfaces. If there is more 
than one such interface this function randomly 
selects one. 

• createLink(interface A, interface B) 

This function creates a link between interface 
A and interface B. Returns a newly created li nk 

• remove(link) 

This function removes a link from the set L. 

• reset(interface A, interface B) 

This function resets attributes of interface A 
and interface B to default attributes. 

• newShortestPath(node) 

This function returns a shortest path value for 
the node. 


• cummuncationRange(interface, set of 
interfaces) 

This function selects all interfaces from the 
set of interfaces that are free and within the range 
of interface. 

Results & Disscussion 

First, we enumerate the attributes and the condi¬ 
tions under which the experiments were conducted. 
These are: 

• The self-organizing cha nn el assignment 
process was limited to a single channel 
change per li nk . 

• All radio interfaces were static, deployed 
with omni-directional antennas, based on 
802.llg standard, and transmits power for 
each interface was generated randomly 
with a 50% variation. 

• Calculation of interference cost was based 
on the following parameters: 

• Distance between interfaces. 

• Signal strength of transmitting interface 

(consequently it is not symmetrical). 

• Interference factor between partially 

overlapping cha nn els as provided in 
(Subramanian, 2005). 

• All networks generated occupied an equal 

size area of 750 X 500 meters. Three dif¬ 
ferent densities of routers per sq. unit of 
area were deployed in each topology: 35, 
70 and 100. 

Three different topologies were generated: 

• The simple grid - the routers were posi¬ 
tioned from each other in a uniform grid 
with their in between distances randomly 
varying 5%. An example of simple grid is 
the cellular network. 
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Figure 6. Result showing the increase in IC reduction by using ICR+PR in comparison to the use of 
ICR algorithm only 





• The random grid - the same as previous 
only with 50% of random variation. 

• The completely random - in this topology 
the arrangement of the routers was gener¬ 
ated completely randomly. An example of 
completely random topology is the ad hoc 
network. 

It is emphasized again that in our work, all 
the mesh nodes (routers) of the MR-WMN were 
considered to be static. We present below some of 
the key results obtained to illustrate the usefulness 
of our new PR algorithm. 

The performance is measured in terms of 
interference cost reduction (ICR) that means 
higher the ICR better is the performance. In this 
regard, Figure 6 shows a graph of interference 
cost reduction (ICR) vs. network density for the 
case involving just ICR algorithm (Prodan et. al., 
2008) and ICR algorithm when it operates after 
new PR algorithm has been invoked. 

This comparative study clearly shows that 
without using the new PR algorithm and by just 
using the ICR algorithm results in much higher in¬ 
terference cost (IC). The reason new Pi? algorithm 
+ ICR algorithm has a better performance could 
be because the new PR algorithm as discussed 
earlier inherently: (i) has an increased choice of 


interfaces that the creator (initiator) node can use 
(2) can select the interface based on the highest 
SNIR value. 

Furthermore, as the network density increases 
the performance of the new PR algorithm fol¬ 
lowed by ICR algorithm significantly increases, 
whereas if just the ICR algorithm is used then 
the performance is relatively lower. This is due 
to the increase in proximity of the nodes with 
an increase in node density that creates a higher 
likelihood for having more shortest paths for the 
new PR algorithm to select from. 

Figure 7 essentially compares the path reduc¬ 
tion that is achieved by using just the PF algorithm 
and the new PR algorithm. It can be seen that 
the new PR algorithm is much more effective at 
reducing the path length relative to that achieved 
by PF algorithm. Although, PF algorithm results 
in a decrease in path length, new PR algorithm 
provides 2-5 times more decrease. 

Figure 8 shows a comparison between the 
degree of IC reduction which is achieved by using 
(i) new PR algorithm along with ICR algorithm 
and (ii) PF algorithm along with new PR algo¬ 
rithm and ICR algorithm. It can been seen that 
the reduction in IC is marginally better in case of 
(i). A possible main reason for this is that in case 
of PF algorithm the availability of interfaces to 
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Figure 7. A comparative performance study ofportal first (PF) algorithm versus new algorithm for PR 
through link substitution in terms ofpercentage of PR per link 





make a selection is zero because portal nodes 
need to provide maximum connectivity to the 
neighbouring client nodes. Whereas, in case of 
new PR algorithm + ICR algorithm there is more 
availability of interfaces to make a selection from. 
As such, this manifests itself as a slight increase in 
the IC reduction. This means that in a MR-WMN 
incorporation of a new PR algorithm will be more 
useful rather than PF algorithm. 


Impact on QoS 

The results obtained above show that the new 
PR algorithm, which is part of our enhanced TC 
algorithm is effective in the reduction of interfer¬ 
ence cost i.e. ICR. The reduction in interference 
cost translates to higher capacity in the system. 
The higher capacity will facilitate to support QoS 
dependent real-time services such as multimedia 
due to an increased resource i.e. bandwidth. As 
the new PR algorithm also reduces the path length 


Figure 8. A comparative study of PR + ICR algorithm performance vs. PF+ PR+ ICR algorithm in 
terms of IC reduction 



M»taor* Omit, 
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this means few number of hops will be required 
for the packets to flow from the access networks 
to the backbone Internet via the backhaul MR- 
WMN. Few number of hops will facilitate to 
decrease the end-to-end delay of packet transfer 
and hence lead to better QoS for the delay sensi¬ 
tive services. 


FUTURE RESEARCH DIRECTIONS 

The issues that remain open, pertaining to the 
material presented and discussed in this chapter, 
on which future research could be carried out are 
categorically listed below (Santi, 2005): 

1. Realistic but simple modelling of radio link 
& energy consumption 

The representative models used for radio 
li nk and node energy consumption are either too 
complex to obtain meaningful results or are too 
simple and are not accurate enough for practi¬ 
cal environments. Thus a good balance between 
simplicity and representativeness of the model 
should be kept. Models that strike this balance are 
challenging to build for MR-WMN and as such 
are a fascinating area of open research. 

2. Node Mobility Implications 

The overall effect of node mobility on the 
network capacity needs to be studied thoroughly. 
Note: In our work, presented in this chapter, we 
had considered only static MR-WMN nodes. 

3. D etermination of the optimal frequency for 
reconfiguration 

When the nodes are mobile, the more frequently 
the TC protocol is re-executed, the higher the 
quality of the constructed topology thus there is 
a trade-off between the message overhead gener¬ 
ated by the repeated execution of a TC protocol 


and the quality of the constructed topology. This 
trade-off needs to be investigated further. 

4. Optimal topology 

What determines an optimal topology depends 
on several factors, such as: the expected network 
traffic, the desired level of QoS that the network 
should provide etc., which are disregarded by 
the current approaches to the TC problem. The 
problem of identifying energy optimal and/or 
interference-optimal network topologies is chal¬ 
lenging which can perhaps be addressed by using 
a general approach that optimizes the network 
topology and the routing strategy as a function 
of certain target properties such as, extending 
network lifetime, or minimizing packet delivery 
time. We believe much work along this line of 
research is still to be done. 

5. Symmetric Link Issue 

The implicit assumption of symmetric links 
presented in literature does not hold in practice. 
In particular, we cite two shortcomings of the 
above cited approaches to interference-optimal 
TC: (i) reliance on a specific radio channel 
model and (ii) disregarding the effect of multi-hop 
communications. The issues associated with the 
determination of interference-optimal topologies 
and investigation of the differences/similarities 
between energy-optimal and interference-optimal 
topologies have not been addressed in the current 
literature (Santi, 2005). 

6. Experimental study through testbeds 

A lot of research that has been carried out for 
TC, which includes simulation study, shows the 
potential for reducing node energy consumption 
and radio interference. Unfortunately, as yet there 
is no experimental evidence that TC techniques 
canbe actually used for these purposes inprcatice. 
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The future research must aim to experimentally 
demonstrate the usefulness of TC mechanisms. 

Also, the creation of test beds so as to conduct 
experiments with TC will require the setting up 
of a network topology that is composed of an 
adequate number of nodes that communicate 
along multihop paths. The setting up of a wireless 
network with medium to a large scale might be 
very difficult in practice because of cost as well 
as logistic reasons. 

CONCLUSION 

In the chapter, the significance oftopology control 
(TC) from the perspective of network capacity 
hence QoS was clearly highlighted. Some of the 
key work conducted in the literature was reviewed 
and their limitations were explained. In particular, 
it was explained that the TPC mechanism gener¬ 
ally ca nn ot achieve the goal of a mi nimum energy 
use and minimum interference. This is due to 
the dependence of an optimal wireless network 
topology on several factors, such as: the expected 
network traffic, the desired level and type of QoS 
that the network should provide and the routing 
strategy. The existing TC solutions suffer from 
the following drawbacks: 

• Assumption of symmetric links and a point 
graph model, does not hold in practice. 

• The proposed solutions often (i) rely on a 
specific radio cha nn el model and (ii) ne¬ 
glect the complex relationships between 
signal strength, modulation scheme, link 
data throughput and bit error rate. 

• Neglect the effect of multi-hop 
communications. 

Interference cost reduction (ICR) in the multi¬ 
radio wireless mesh network (MR-WMN) is a 
major task, which a non-transmit power control 
(TPC) based topology control can manage by 
scheme(s) that create connectivity between the 


mesh nodes of MR-WMN. A salient aspect of 
this chapter is that it demonstrates a non-transmit 
power control (TPC) strategy based on our new PR 
algorithm (part of our enhanced TC algorithm), 
which operates in a distributed multi-agent system 
based MR-WMN to be an effective TC approach. 
The effectiveness is demonstrated through several 
re suits that point to an increas e of system capacity. 
In particular, a comparative performance study of 
the algorithm by simulations was conducted in 
terms of path reduction (PR) and ICR. The results 
of this study showed that a significant ICR and PR 
is achieved, which in turn increases QoS. 
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ABSTRACT 

Quality of service (QoS) provisioning is an important issue in the deployment of broadband wireless 
access networks e.g. WiMAX (IEEE Std 802.16-2004, 2004) networks with real-time and non-real-time 
traffic integrated. To design a QoS supportframework tailoredfor WiMAX networks is more challenge as 
wireless channel has unique characteristics such as time-varying channel and limited channel capacity. 
This chapter presents various QoS support mechanisms in WiMAX networks. Existing proposals with the 
state-of-the-art technology have been classified into three main categories: QoS support architecture, 
bandwidth management mechanism, and packet scheduling schemes. Representative schemes from each 
of the categories have been evaluated with respect to major distinguishing characteristics of the WiMAX 
MAC layer and PHY layer as specified in the IEEE 802.16d standard. Suggestions and research trends 
on QoS support in WiMAX networks are highlighted. 


INTRODUCTION 

The Worldwide Interoperability for Microwave 
Access (WiMAX) system has been specified by the 
IEEE 802.16d and its amendment IEEE 802.16e 
standard. The IEEE 802.16d and IEEE 802.16e 
standard defines the physical (PHY) and medium 
access control (MAC) layer of the fixed and mobile 
broadband wireless access systems, respectively. 

DOI: 10.4018/978-1 -61520-771 -8.ch013 


Broadband wireless access (B WA) systems like 
WiMAX networks have been deployed not only 
to be complement and extension of existing last 
mile wired networks such as cable modem and 
xDSL but also to be competitor to wired broadband 
access networks. Due to the upcoming air inter¬ 
face technologies, which promise to deliver high 
transmission data rates, BWA systems become an 
attractive alternative. 

IEEE 802.16d supports both frequency division 
duplex (FDD) and time division duplex (TDD) 
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Table 1. AMC vs. receiver SINR min sensitivity requirement 


AMC Index 
AMC(q) 

Receiver SINR(dB) 
y(<i) 

Receiver 

Min Sensitivity RSS(q) 
(dBm) 

Modulation/ 
Coding Scheme 

E(q) 

(bit/symbol) 

Bit Rate 

R(q) (Mbps) 

AMC( 1) 

8.3-11.6 

-80 

BPSK1/2 

0.5 

20 

AMC( 2) 

11.7-13.2 

-80 

QPSK1/2 

1 

40 

AMC{ 3) 

13.3-18.9 

-78 

QPSK3/4 

1.5 

60 

AMC( 4) 

19.0-21.9 

-73 

16-QAM 1/2 

2 

80 

AMC{5) 

21.0-28.0 

-71 

16-QAM3/4 

3 

120 

AMC(6) 

28.1-29.1 

-66 

64-QAM2/3 

4 

160 

AMCtJ) 

>=29.2 

-65 

64-QAM3/4 

4.5 

180 


PHYs. IEEE 802.16d specifies 4 different PHY 
specifications, namely, WirelessMAN-SC PHY 
specification, WirelessMAN-SCa PHY specifica¬ 
tion, WirelessMAN-OFDM PHY specification, 
WirelessMAN-OFDMAPHY specification. At the 
PHY layer, a WiMAX system can take an adaptive 
modulation policy selecting 1 from 3 different 
modulation schemes. On the uplink (UL), QPSK 
is mandatory, while 16-QAM and 64-QAM are 
optional. The downlink (DL) can support QPSK 
and 16-QAM, while 64-QAM is optional. To 
fully utilize the flexible and robust PHY layer, a 
WiMAX system equips a flexible radio link control 
(RLC) scheme, which is responsible for transition 
from one PHY scheme to another. The system also 
uses the receiver sensitivity (RS) as a parameter 
together with the signal to interfemece and noise 
ratio (SINR) thresholds of receivers used by an 
adaptive modulation and coding (AMC) scheme 
to select the different burst profiles in order to 
maximize the network throughput and maintain 
the bit error rate (BER) under a preset level e.g. 
BER<=10 5 . 

WiMAX transceivers support different trans¬ 
mission modes with different modulation and 
coding schemes corresponding to different data 
transmission rates. For each modulation scheme, 
there is one relationship between the theoretical 
bit error rate and the ratio of energy per bit (EQ 
to the spectral noise density (N ) (E /N ). E b /N o 
can be expressed in terms of SINR as: 


where W is the cha nn el bandwidth, R b is the 
transmission bitrate of atransmissionmode corre¬ 
sponding to a modulation and coding scheme. Dif¬ 
ferent modulation schemes have different curves 
of theoretical bit error rates versus E b /N 0 . 

The range of the received SINR values will 
be classified into seven non-overlapping scales 
corresponding to an adaptive modulation and 
coding index AMC(q ) where q= 1, 2,...,7 on 
a target prescribed BER e.g. BER<=10 5 in a 
WiMAX PMP network. Further compiling with 
the RS requirement specified by IEEE 802.16d 
standard, a lookup table shows the relationship 
among AMC, SINR and RS requirement with its 
corresponding data rate as shown in Table 1. It 
is obvious that the data transmission rate can be 
dynamically changed from 20 Mbps to 180 Mbps 
if the channel capacity of WiMAX network is set 
to 40Mbps. 

The MAC Layer of WiMAX networks can be 
designed to meet the requirements of very-high- 
data-rate applications with a variety of quality 
of service (QoS) requirements. The MAC layer 
is composed of three sub-layers. From bottom to 
top, they are the privacy sub-layer (PS), the MAC 
common part sub-layer (CPS), and the service 
specific convergence sub-layer (CS). The PS deals 
with security and network access authentication 
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procedures. CPS carries out the major MAC func¬ 
tions. The CS sub-layer provides the interface to 
the upper layer to decide the MAC service class 
for the specific connection and to initialize the 
resource allocation requests of the CPS. 

The MAC frame is divided into UL and DL 
sub-frames. Service flows which are uniquely 
identified by a 32-bit service flow identifications 
(SFID) may be transmitted in either the UL or 
DL sub-frames. Service flows can be created, 
changed, or deleted, which can be accomplished 
by a series of MAC management messages 
referred to as dynamic service addition (DSA), 
dynamic service change (DSC), and dynamic 
service deletion (DSD). There are three types of 
service flows namely, provisioned service flows, 
admitted service flows, and active service flows. 
They are associated with a set of QoS requirement 
parameters, namely, provisioned QoS parameter 
set, admitted QoS parameter set and active QoS 
parameter set, respectively. Admitted and active 
service flows are mapped to a 16-bit connection 
identification (CID). They are controlled and main¬ 
tained by a connection admission control (CAC) 
scheme in an active connection list (ACL) at the 
base station (BS). The connections are classified 
into four types of MAC layer services, namely, 
Unsolicited Grant Service (UGS), Real-time 
Polling Service (rtPS), Non-Real-time Polling 
Service (nrtPS) and Best Effort (BE) service. The 
mandatory QoS parameters of the service flows 
with UGS are: 

• Maximum sustained traffic rate (MSTR) 

• Maximum latency (ML) 

• Tolerated jitter 

• Request/transmission policy 

The mandatory QoS parameters of the service 
flows with rtPS are: 

• Minimum reserved traffic rate (MRTR) 

• MSTR 


• ML 

• Request/transmission policy 

The mandatory QoS parameters of the nrtPS 
service flows are: 

• MRTR 

• MSTR 

• Traffic priority 

• Request/transmission policy 

The mandatory QoS parameters of the BE 
service flows are: 

• MSTR 

• Traffic priority 

• Request/transmission policy 

The bandwidth is always requested on a CID 
basis and bandwidth is allocated on a subscriber 
station (SS) basis. A connection represents either 
an individual application or a group of applica¬ 
tions at one SS sending data with the same CID. 
All packets from the application layer at the SS 
are classified by the connection classifier based 
on their CIDs and are forwarded to an appropriate 
queue. At the SS, the scheduler will retrieve the 
packets from the queues and transmit them to the 
network as defined by the UL-MAP sent by the 
BS. The UL-MAP is determined by the uplink 
bandwidth allocation scheduling module based on 
the BW-request messages that report the current 
queue size of each connection in the SS. 

In summary, in WiMAX networks, bandwidth 
is always requested on a CID basis. The bandwidth 
is aggregated into a single grant to an S S. There is 
an active connection list controlled and maintained 
by a connection admission control (CAC) scheme 
at the BS. The CAC policy is to decide whether 
the QoS requirements of a connection can be satis¬ 
fied. The scheduler at the BS or SS schedules the 
bandwidth allocation to the applications with the 
connections in the ACL and the packets transmit- 
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ted according DL/UP map via PHY at different 
data transmission rates which dynamically change 
according to different AMC schemes based on the 
real-time cha nn el SINR condition. 

IEEE 802.16d defines the connection signal¬ 
ing including connection request and response 
between SS and BS but it has not defined the 
admission control process. IEEE 802.16dmedium 
access control, which is based on the concepts 
of connections and service flows, specifies QoS 
signaling mechanisms (per connection or per sta¬ 
tion) such as bandwidth requests and bandwidth 
allocation. However, IEEE 802.16d standard left 
the details of the QoS based packet scheduling 
algorithms and reservation management, which 
determines the UL and DL bandwidth allocation, 
undefined. IEEE 802.16dPHY provides AMC and 
the conceptually power control. It also left details 
of AMC and adaptive power control algorithm 
undefined. 

This chapter presents various QoS support 
mechanisms in WiMAX networks. Existing 
proposals with the state-of-the-art technology 
have been classified into three major categories. 
They are: 

• QoS support architecture 

• Bandwidth management mechanism 

• Packet scheduling schemes 

Representative schemes from each of the cat¬ 
egories have been evaluated with respect to major 
distinguishing characteristics of the WiMAX 
MAC layer and PHY layer as specified in the 
IEEE 802.16d standard. 


BACKGROUND 

The QoS term can be interpreted in different 
ways. In general, QoS can be described from 
two perspectives: user perspective and network 
perspective. In user perspective, QoS refers to the 


application quality as perspective by the user. In 
network perspective, QoS refers the service qual¬ 
ity that the network offers to applications or users 
in term of network QoS parameters that include: 
latency or delay of packets traveling across the 
network, reliability of packet transmission and 
throughput. 

From the network perspective, the networks’ 
goal is to provide the QoS services that adequately 
to meet the users’ needs while maximizing the 
network resources’ utilization. To achieve this 
goal, the networks analyze the applicationrequire- 
ments, manage the network resources and deploy 
various network QoS mechanisms. 

QoS parameters quantitatively represent the 
applications’ QoS requirements .They are: 

• Throughput 

• Delay 

• Delay jitter 

• Error rate 

• Packet loss rate 

Networks may use a combination of QoS ser¬ 
vices, i.e., per-flow and quantitative, per-class and 
quantitative. Some networks may include multiple 
types of QoS services in order to support a wide 
range of applications. 

Providing quality of service (QoS) simultane¬ 
ously to services with different requirements is a 
much more difficult task in wireless mediums as 
compared to wired networks as wireless access 
networks have unique characteristics which are 
time-varying channel conditions and multi-user 
diversity. To cope with such issues, QoS in wireless 
networks is handled at the medium access control 
(MAC) layer as well as at the PHY layer. 

In recently years, QoS support architecture, 
bandwidth management mechanism and QoS 
support packet scheduling algorithms in WiMAX 
system have been proposed. 
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QOS SUPPORT 
ARCHITECTURE IN WIMAX 

Alavi, Mojdeh & Yazdani (2005) have proposed 
an inclusive architecture to provide QoS support 
in WiMAX. Some compatible methods forspecific 
modules such as Scheduler, Traffic Shaper, and 
Request and Grant Manager to optimize Delay, 
Throughput and Bandwidth Utilization metrics 
have been developed. 

Protocols can be designed by violating the 
reference architecture, for example, by allow¬ 
ing direct communication between protocols at 
non-adjacent layers or sharing variables between 
layers. Such violation of a layered architecture 
is a cross-layer design approach with respect to 
the reference architecture. In order to map QoS 
parameters from layer 3 (L3) to layer 2 (L2), L3 
and L2 in the reference architecture can be inte¬ 
grated (Mai, Y„ Yang, C. & Lin, Y, 2007). The 
proposed MAC layer cross to Network layer QoS 
framework can enhance Qo S supports in WiMAX 
networks. Major functional blocks in the QoS 
framework include QoS mapping from L3 to 
L2, Admission Control, Fragment Control, and 
Remapping. Fragment Control handles the data 
frames that belong to the same IP datagram in an 
atomic ma nn er to reduce useless trans mi ssion. 
Remapping is concerned with the mapping rules 
from IP QoS to 802.16 QoS and is designed to 
reduce the impact of traffic burstiness on buffer 
management. 

Kwon, T. et al. (2005) have presented a design 
example of primitives for cross-layer operation 
between its MAC and PHY layers. The proposed 
cross-layer design framework for IEEE802.16e 
OFDMA systems that are compatible with WiBro 
based on various kinds of cross-layer protocols 
for performance improvement. In the proposed 
model, the MAC layer contains a user grouper, 
scheduler, and resource controller. Each func¬ 
tional entity exploits physical layer information 
to increase system throughput. The physical 
layer consists of a diversity cha nn el physical 


layer protocol data unit (PPDU) controller, AMC 
cha nn el PPDU controller, control information 
controller, and hybrid automatic repeat request 
(HARQ) functional blocks. AMC sub-channel 
users and diversity sub-channel users are classi¬ 
fied by the user grouper. Since the properties of 
AMC sub-channels and diversity sub-channels 
are quite different, the grouping of users into two 
cha nn el types is essential if system throughput 
is to be increased. The scheduler determines the 
scheduling of users and the quantity of packets 
that should be scheduled in the current frame. For 
cross-layer optimization, the scheduler should be 
designed to exploit not only PHY information but 
also application layer information. 


BANDWIDTH MANAGEMENT 
QOS SUPPORT MECHANISMS 

Bandwidth management mechanisms are ap¬ 
proaches that manage the network resources by 
coordinating and configuring network devices. 
The main mechanisms are: 

• Resource reservation 

• Connection admission control 

• Cross-layer approach bandwidth manage¬ 
ment mechanisms 

Resource Reservation Mechanisms 

Resource reservation mechanisms inform the 
network entities on the QoS requirements on the 
network resources for various applications. The 
network devices will use this information to man¬ 
age the network resources in order to meet such 
requirements. The resource reservation mecha¬ 
nisms include the following functions: 

• Provisioning of resource reservation sig¬ 
naling that notifies all devices along the 
communication path on the QoS require¬ 
ments of multimedia applications. 
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• Delivery of QoS requirements to the con¬ 
nection admission control mechanism that 
decides if there are available resources to 
meet the QoS requirements of a new re¬ 
quest without violating the QoS require¬ 
ment of existing connections. 

• Notification of the application regarding 
the admission result. 

The representative proposal tailored for 
WiMAX is Dynamic Resource Reservation 
(DRR) scheme by (Kamal, G., Mounir, A., & 
Annie, G., 2006). The basic principle of DRR is 
that the reserved bandwidth will vary between a 
minimum C m and a maximum C M value as per the 
bandwidth utilized by the clients. The proposal 
is able to optimize reservation and utilization of 
bandwidth for Committed Bandwidth (CB) type 
traffic. However, it is very difficult to select the 
parameters of C m and C M . And the fluctuations 
of the reserved bandwidth from C M to C m could 
increase signaling costs. 

Connection Admission 
Control Mechanisms 

An admission control scheme determines how 
bandwidth is allocated to control the traffic enter¬ 
ing the network. The role of connection admission 
control (CAC) is to control the number of con¬ 
nection flows into the network. A new connec¬ 
tion request is progressed only when sufficient 
resources are available at each successive network 
element to establish the connection through the 
entire network based on its service category, 
traffic contract, and QoS requirements, while the 
agreed QoS of all existing connections are still 
maintained. Admission control is useful in the 
situations where a certain number of connections 
may all share a link, while an even greater number 
of connections can cause significant degradation 
to all connections to the point of making them all 
useless such as in congestive collapse. 


A lot of CAC schemes tailored for WiMAX 
system have been proposed. They can be classi¬ 
fied into three categories. 

The first category is the CAC schemes with 
degradation strategy based on service degradation 
(Ge, Y. & Kuo,G. 2006), bandwidth borrowing 
(Niyato, D. & Hossain, E., 2007; Wang, W., Liu, 
F., Ji,Y. & Nararat, R., 2007) or bandwidth steal¬ 
ing (Jiang, C. & Tsai, T., 2006) strategies. The 
main idea of these policies is to decrease the re¬ 
sources already allocated to ongoing connections 
in order to be able to accept a new service flow. 
This strategy could be combined by a threshold- 
based capacity sharing approach in order to avoid 
starvation or by a guard cha nn el scheme that 
sets a small portion of total bandwidth aside for 
more bandwidth-sensitive flows. The drawback 
of those CAC schemes is the difficulty to set the 
suitable threshold to tradeoff the bandwidth ef¬ 
ficiency and the connection blocking probability. 
If a large percentage of total bandwidth is set as 
guard channel, the system loses its efficiency. In 
contrast, if a small guard channel is set, the con¬ 
nection blocking probability increases. 

The second strategy is more conservative. 
The algorithm maintains the QoS provisioning 
for ongoing connections and simply rejects a 
new service flow if the remainder bandwidth is 
less than the bandwidth requirement of the new 
service flow (Wongthavarawat, K. & Aura, G. 
2003). This strategy is very simple, but it is very 
rigid without much flexibility. 

The third strategy is more advanced which 
has adopted a cross-layer approach. The repre¬ 
sentative proposal is the AMC-induced CAC that 
incorporates the modulation type into the CAC 
process (Kwon, E., Jung, K., Lee, J. & Ryu, S., 
2005). This proposal, however, supports only two 
types of modulations. And it has been proposed 
based on the assumption that all the connections 
have the fixed and equal bandwidth requirements 
which li mi ts its applicability. Another CAC with 
cross-layer approach is TCP-Aware CAC which 
considers the effect of TCP applications on the 
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packet-level performance (Wang, X., Eun, D. & 
Wang, W., 2007).0ne more example of this strat¬ 
egy is a CAC scheme for opportunistic schedul¬ 
ing with cross-layer approach. Although a CAC 
scheme has been always considered as an upper 
layer scheme to optimize the system performance, 
its application to the opportunistic scheduling 
in heterogeneous systems requires a cross-layer 
admission control process, which takes into con¬ 
sideration the physical layer and traffic pattern 
characteristics, together with the number of users 
tradeoff. Perez-Neira & Zorba (2007) proposed a 
CAC scheme for an opportunistic scheme based on 
minimum rate outage and delay outage to regulate 
the number of users or connections in a WiMAX 
system to obtain multi-users diversity. 

Bandwidth Management by 
a Cross-Layer Approach 

There are a few prior works that deal with the 
MAC layer cross to the higher layers for band¬ 
width management, i.e. the MAC to application 
and transport layers. Chen, J., Jiao, W., & Guo, Q. 
(2005) have used IntServ and DiffScrv in connec¬ 
tion oriented WiMAX PMP and mesh networks 
with the aim to provide end-to-end QoS guaran¬ 
tee services. This work maps the RSVP at the IP 
layer to DSA/DSC/DSD at the MAC layer. The 
authors have suggested that messages exchange 
for DSA and DSC can be deployed to carry QoS 
parameters of IntServ services for end-to-end 
resource (bandwidth/buffer) reservation. For 
DiffServ services, on the other hand, a number 
of per-hop behaviors (PHBs) for different classes 
of aggregated traffic can be mapped into different 
connections directly. 

When a new application flow arrives at the 
IP layer, it will be firstly parsed according to 
the definition in PATH message (for InteServ) 
or differentiated services code point (DSCP) for 
DiffServ. Then it will be classified and mapped 
into one of the four types of services (UGS, rtPS, 
nrtPS or BE). By the proposal, the dynamic ser¬ 


vice module at an SS sends a request message to 
the BS, where the admission control determines 
whether this request will be approved or not. If it 
is not approved, the service module informs the 
upper layer to deny this service. Otherwise, the 
admission control notifies the scheduling module 
to make a provision based on the parameters in the 
request message. At the same time, the accepted 
service is transferred into a traffic grooming 
module. According to the grooming result, the 
SS will send a bandwidth request message to the 
BS. The centralized scheduling module in the BS 
will retrieve the requests and generate an UL- 
MAP message carrying the bandwidth allocation 
results. Finally, the SS will package service data 
units (SDU) from the IP layer into protocol data 
units (PDU) and upload them in its allocated UL 
slots to the BS. 

Packet Scheduling QoS 
Support Mechanisms 

Packet scheduling refers to the decision process 
used to choose which packets should be transmit¬ 
ted or dropped. Packet scheduling is the process 
of resolving contention for bandwidth. A sched¬ 
uling algorithm has to determine the allocation 
of bandwidth among the traffic flows and the 
transmission order of the packets in the each flow. 
One of the most important tasks of a scheduling 
scheme is to satisfy the QoS requirements of 
each traffic flows while efficiently utilizing the 
available bandwidth. 

Many legacy scheduling algorithms, capable 
of providing certain guaranteed QoS, have been 
developed for wired networks. However, these 
existing scheduling algorithms, such as fair 
queueing scheduling, virtual clock, and earliest- 
due-date (EDD), are not directly applicable in 
wireless networks because they have not consid¬ 
ered the varying wireless link capacity and the 
location-dependent channel state. The charac¬ 
teristics of wireless communication pose special 
difficulties that do not exist in wired networks. 
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They include high error rate and bursty errors, 
location-dependent and time-varying wireless 
li nk capacity, scarce bandwidth, user mobility, 
and power constraint of the mobile hosts. All of 
the above characteristics make the development 
of efficient and effective scheduling algorithms 
in wireless networks very challenging. 

WiMAX networks provide QoS services for 
heterogeneous classes of traffic with different 
QoS requirements. Currently, there is an urgent 
need to develop new technologies for providing 
QoS differentiation and guarantees in WiMAX 
networks. Among all the technical issues that 
need to be resolved, packet scheduling in WiMAX 
networks is one of the most important. Lin, Chou 
& Liu (2008) have conducted a comparison among 
a few proposed WiMAX scheduling algorithms. 
Belghith & Nuaymi (2008) evaluated the perfor¬ 
mance of some legacy scheduling algorithms for 
WiMAX systems. 

The current proposed scheduling algorithms 
for QoS support in WiMAX networks can be 
classified into three categories with respect to the 
nature of scheduling as following: 

• Holonomic approach 

• Hierarchical approach 

• Opportunistic packet scheduling with a 

cross-layer approach 

The holonomic approaches use single layer 
scheduling scheme. In contrast, hierarchical 
approaches use several layers or stages for the 
scheduling. Opportunistic packet scheduling with 
a cross-layer approach takes advantage of instan¬ 
taneous channel variations by giving priority to 
the users with favorable cha nn el conditions. 

Holonomic Approach for 
Packet Scheduling 

In order to maximize throughput of non-real-time 
traffic flows with satisfying QoS requirements 
of real-time traffic flows, Ryu, B., Seo, H., Shi, 


M & Ryu, S. (2005) have applied holonomic ap¬ 
proach and proposed one layer hybrid scheduling 
scheme. The proposed urgency and efficiency 
based packet scheduling (UEPS) algorithm has 
been designed not only to support multiple users 
simultaneously but also to offer real-time and non- 
real-time services to a user at the same time. The 
UEPS algorithm uses the time-utility function as 
a scheduling urgency factor and the relative status 
of the current cha nn el to the average one as an 
efficiency indicator of radio resource usage. The 
proposed packet scheduler assigns priorities to the 
packets to be transmitted, based on the channel 
status reported by the user equipments as well as 
the QoS statistics maintained by the BS. Since 
the scheduler works in a global timeline, a time 
utility function (TUF) is used for the scheduling. 
Two scheduling factors, the urgency of schedul¬ 
ing and the efficiency of radio resource usage, 
are used to schedule real-time and non-real-time 
traffic packets at the same time. The TUF is used 
to represent the urgency of scheduling while the 
channel state is used to indicate the efficiency of 
radio resource usage. 

Xergias, S. A., Passas,N. & Marekos, L. (2005) 
proposed Frame Registry Tree Scheduler (FRTS). 
The scheduler contains three operations: 

• Packet/request arrival 

• Frame creation 

• Subscriber’s modulation type change or 

connection QoS service change 

The basic idea of the packet/request opera¬ 
tion is to distribute packet transmissions in time 
frames, based on their deadlines. For UGS and 
rtPS services, the packet deadline is equal to the 
arrival time plus the latency of this packet. The 
sub-tree of the last time frame where this packet 
can be transmitted is updated, if it exists. Other¬ 
wise, it is created. For nrtPS and BE services, the 
packet deadline does not need to be calculated. 
Then, the sub-tree of the last existing time frame 
is updated. 
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Figure 1. Proposed 3-tier scheduling framework 



The function of the frame creation procedure 
is to decide on the frame contents. There are 
three cases: 

• If the sub-tree of the first time frame con¬ 
tains a number of packets equal to one time 
frame, all these packets fill up the frame 
content. 

• If the sub-tree of the first time frame con¬ 
tains a number of packets less than one 
time frame, the empty slots are occupied 
by packets from the next time frame sub¬ 
trees and/or will be left for contention. 

• If the sub-tree of the first time frame con¬ 
tains a number of packets more than one 
time frame, packets for BE service are 
moved to the next time frame sub-tree. 
If there are still excess packets to trans¬ 
mit, first nrtPS packets, then rtPS packets 
and finally UGS packets are deleted until 
the number of packets fit exactly into one 
time frame. A change in a subscriber’s 


modulation type or connection QoS service 
causes a moving of the corresponding sub¬ 
tree to the right modulation substructure or 
service substructure. 

Hierarchical Approach for 
Packet Scheduling 

A scheduling algorithm should posses the follow¬ 
ing features: efficient link utilization, bounded 
delay, enough fairness, high throughput, low 
implementation complexity, graceful performance 
degradation, strong isolation, more delay/band¬ 
width decoupling, and flexible scalability. With 
the objective to provide service differentiation 
between the real-time and non-real-t im e classes 
of traffic, Lu, J. C., Ma, M., Ng, B.C. & Sanjay 
(2007) have proposed a three-tier hierarchical 
framework and a scheduling scheme to support 
QoS in WiMAX as shown inFigure 1. The solution 
has completed the missing part of the framework 
specified in the IEEE 802.16d standard. This effi- 
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cient QoS scheduling structure and corresponding 
scheduling schemes for WiMAX networks has 
taken the following principles into account: 

• The existing WiMAX QoS signaling mech¬ 
anisms should be complied with. DL/UL 
map mechanism should be fully applied. 

• Per-connection scheduling overhead 
should be minimized. 

• Service parameters for each connection 
should be guaranteed. 

The novel solution has the following unique 
features. (1) The Pre-scale Dynamic Resource 
Reservation (PDRR) scheme has been proposed to 
allocate bandwidth to UL sub-frame and DL sub- 
frame dynamically. (2) The Priority-based Queue 
Length Weighted (PQLW) scheduling algorithm 
has been proposed for inter-class scheduling and 
the Max-Min Fair Sharing (MMFS) scheduling 
has been applied for inter-SS scheduling within 
each class of service at the BS as Tier 1 schedul¬ 
ing. (3) The Self-Clocked Fair Queuing (SCFQ) 
and Weighted Round Robin (WRR) scheduling 
schemes have been applied to inter-connection 
scheduling within each class of service at each SS 
as Tier 2 scheduling. (4) Earliest Deadline First 
(EDF) and Shortest Packet Length First (SPLF) 
scheduling have been applied to the packet sched¬ 
uling within each of the connections carrying burst 
traffic as Tier 3 scheduling. 

Opportunistic Packet Scheduling 
Algorithms with Cross-layer Approach 

Wireless communication systems have unique 
characteristics - namely, time-varying channel 
conditions and multi-user diversity. Efficient 
MAC design and new scheduling solutions need 
to be developed that are specifically tailored for 
the wireless communication environment (Liu, X., 
2003). Opportunistic MAC (OMAC) is the modem 
view of communicating over the spatiotemporally 
varying wireless links. The cross-layer nature 


embeds OMAC with the potential to revolutionize 
the design of wireless networks from physical to 
data link layers. 

The wireless resources including bandwidth 
and power are scarce and more expensive than 
their wired counterparts because the overall sys¬ 
tem performance degrades dramatically due to 
multi-path fading, Doppler, and time-dispersive 
effects caused by the wireless air interface. Unlike 
wired networks, even if large bandwidth/power 
is allocated to a certain wireless connection, the 
loss and delay requirements may not be satisfied 
when the channel experiences deep fades. In 
this scenario, the scheduler plays an extremely 
important role. Among the competing users, an 
OMAC seeks to pick the one who is currently 
experiencing the relatively best channel condition 
at each scheduling instant. The judicious schemes 
should be developed to support prioritization and 
resource reservation in wireless networks in order 
to enable guaranteed QoS with efficient resource 
utilization. 

Recently, various opportunistic scheduling 
schemes have been proposed for wireless com¬ 
munication systems. They can exploit the time- 
varying nature of the radio environment to improve 
the spectrum efficiency while maintaining a certain 
level of QoS satisfaction for each connection or 
user in various wireless networks. The proposed 
opportunistic scheduling schemes canbe classified 
into two categories based on the functionality of 
scheduling algorithm (Vegard, H., 2006) as: 

• Channel-aware only 

• Channel-aware & queue-aware algorithm 

Max Carrier-to-Noise Ratio Scheduling (MCS) 
(Bonald, T., 2005) and Proportional Fair Sched¬ 
uling (PFS) (Jalali, A., Padovani, R. & Pankaj, 
R„ 2000; Huang, J. & Niu, Z„ 2007; Huang, J. 
& Niu, Z. 2007) are two typical channel-aware 
opportunistic scheduling schemes. The MCS 
scheme is to allocate resources to users with the 
best cha nn el condition to achieve high system 
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throughput and the PFS attempts to trade-off 
among the throughput, efficiency and fairness 
among users by taking packet length into ac¬ 
count, or estimating future cha nn el quality. On 
top of wireless channel characteristics, traffic 
characteristics also play an important role in the 
design of opportunistic scheduling algorithm. 
Andrews, M. et al.(2000); Hu, M., Zhang, J. & 
Sadowsky, J. (2004); Shakkottai, S. & Stolyar, 
A.(2001)proposedchannel-aware & queue-aware 
opportunistic scheduling schemes. Modified Larg¬ 
est Weighted Delay First (M-LWDF) (Andrews, 
M. et al., 2000) is a modified version of PFS 
algorithm that tries to meet QoS requirement in 
terms of head-of-line packet delay. Traffic-Aided 
Opportunistic Scheduling (TAOS-1) (Hu, M., 
Zhang, J. & Sadowsky, J., 2004) is a heuristic 
opportunistic scheduling scheme that unifies 
file size information and wireless channel varia¬ 
tions in order to reduce the completion time of 
file trans mi ssions. Exponential Rule Scheduler 
(EXPRule) (Shakkottai, S. & Stolyar, A., 2001) 
attempts to equalize the weighted delays of all 
buffers when their differences become larger in 
a wireless system. 

Cross-layer MAC and opportunistic schedul¬ 
ing designs tailored for WiMAX networks have 
been proposed (Lera, A., Molinaro, A. & Pizzi, 
S, 2007; Liu, Q„ Wang, X. & Giannakis, G. B„ 
2006; Wan, L„ Ma, W. & Guo, Z. 2007). Lera, A., 
Molinaro, A. & Pizzi, S. (2007) have addressed 
a channel-aware scheduling algorithm with a 
per-flow cha nn el error compensation technique 
tailored for WiMAX system based on its typical 
features: class-based QoS guarantees and per- 
flow resource assignment. The Worst-Case Fair 
Weighted Fair Queuing + (WF2Q+) algorithm 
has been suggested to manage the flow-level 
and class-level granularity per-class queues to 
provide the target QoS to each WiMAX service 
class while achieving fairness of traffic flows 
belonging to the same class. It can achieve as high 
system throughput as about 95% of ideal system 
throughput. Apriority-based scheduler atthe MAC 


layer has been proposed (Liu, Q., Wang, X. & 
Giannakis, G. B. 2006) where each connection 
employs adaptive modulation and coding (AMC) 
scheme at the physical (PHY) layer. Authors have 
defined a priority function (PRF) for each con¬ 
nection admitted in the system. And the PRF is 
updated dynamically depending on the wireless 
cha nn el quality, QoS satisfaction and service 
priority through MAC-PHY cross-layer manner. 
Wan, L., Ma, W. & Guo, Z. (2007) have proposed 
a joint packet scheduling and sub-channel alloca¬ 
tion scheme. With the help of several additional 
parameters for the preference metrics, which are 
the scheduling priority of connections or users 
determined by the opportunistic scheduler for its 
transmission service, those proposed schemes have 
shown to be able to achieve satisfied performance 
in the given network conditions. 

Rath, H. K„ Bhorkar, A. & Sharma, V. (2006) 
have proposed an Opportunistic Deficit Round 
Robin scheduler (O-DRR). The scheduler is used 
in the uplink direction. The BS polls subscribers 
periodically. After eachperiod, the BS determines 
the set of subscribers that are eligible to transmit 
and their bandwidth requirements. This set is de¬ 
fined as the eligible set. A number of conditions 
must be verified by an SS to be in this set: 

• The queue is not empty 

• The received SIR is above a minimum 
threshold, denoted SIRth 

Once these conditions are satisfied, the sub¬ 
scriber is eligible to transmit during a given frame 
of the current scheduling epoch. The scheduled set 
changes dynamically depending on the wireless 
li nk state of subscribers. At the beginning of each 
scheduling epoch, the BS resets the eligible and 
scheduled sets and repeats the above mentioned 
process. 

Some researchers have considered cross-layer 
scheduling using the MAC scheduler and the PHY 
resource allocator. Sang, J., Jeong, D. & Jeon, 
W. (2006) have proposed a cross-layer design 


340 



QoS Support Mechanisms in WiMAX 


of packet scheduling and resource allocation in 
OFDMA wireless networks which concentrates 
on DL scheduling in BS. In the OFDMA systems, 
each carrier is subdivided into a number of sub¬ 
carriers which can be controlled or allocated 
separately making the PF1Y very robust. In the 
proposed system, the sub-carriers are grouped 
into allocation units (AU) for allocation so that 
overheads are minimized. The base station (BS) 
estimates the sub-channel condition of each user 
and allocated resources to the users on a frame-by- 
frame basis. The authors have considered a system 
where some SSs have real-time traffic and others 
have non real-time traffic, i.e. real time and non 
real-time traffic do not co-exist at the same SS. 
The BS can estimate the cha nn el gain of each user 
on a sub-channel and an AU can be independently 
allocated to a particular user. The aim is to maxi¬ 
mize the overall utilization while satisfying the 
rate requirements of individual user. To do this, 
authors have formulated a linear programming 
method and subsequently obtained a sub-optimal 
solution which reduces the computational time. A 
packet scheduler has also been proposed at the BS 
MAC layer which provides equal priority to both 
real-time and non real-time traffic except if the 
ratio of the waiting time of a real-time packet in 
the queue and the delay constraint of the packet 
exceeds a certain threshold. Associated with the 
cross-layer packet scheduler, a 3-stage resource 
allocation algorithm has been proposed. At the 
first stage, the urgent packets will be scheduled. 
At the second stage, the non real-time packets and 
the real-time packets which are not urgent will be 
scheduled. The highest priority is given to the users 
whose channel quality is better regardless of the 
traffic type. Atthe third stage, the unallocated AU’s 
if any will be allocated. After the packet scheduler 
decides the rate requirements of each user, the 
actual resources are allocated at the PHY layer. 
It is carried out by using a sub-optimal heuristic 
algorithm which first allocates the sub-channels 
constraints in order to maximize the utilization 
or minimize the transmission power. And then, 


the algorithm relocates (or swaps) sub-channels 
so as to satisfy the rate requirements of each user. 
Though this cross-layer scheme can be followed 
in the DL at the BS, it cannot be adopted for UL 
scheduling since individual node cannot decide 
the channel condition and cannot place request 
for those particular cha nn els. 

FUTURE RESEARCH DIRECTIONS 

Different mechanisms can address different issues 
in QoS support in WiMAXnetworks. The schedul¬ 
ing algorithms provide mechanisms for bandwidth 
allocation and multiplexing at the packet level. 
Admission control policy is dependent on the 
specific scheduling disciplines used. For the UL 
traffic, the scheduling algorithm has to work in 
tandem with CAC to satisfy the QoS requirements. 
The issue to combine QoS support architecture, 
bandwidth management mechanisms, traffic 
scheduling mechanism s in a cross-layer structure 
to provide a new QoS support scheme in WiMAX 
is still an open issue. 

The computational complexity of a proposed 
QoS support algorithm strongly influences its 
scalability. We suggest that the QoS support 
framework in WiMAX networks could be in a 
hierarchical structure to minimize per-connection 
scheduling overhead and to improve the scalability 
of a proposed QoS support framework. 

The wireless communication systems have 
some unique characteristics such as time-varying 
cha nn el conditions and multi-user diversity. The 
new scheduling solutions need to be developed that 
are specifically tailored for this environment. The 
new scheduling scheme must consider the impact 
of evolving traffic characteristics on scheduling 
and the impact of air interface on scheduling. 

Opportunistic MAC (OMAC) is the modem 
view of communicating over spatiotemporally 
varying wireless link whereby the multi-user di¬ 
versity is exploited rather than combated to maxi¬ 
mize bandwidth efficiency or system throughput. 
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The cross-layer nature embeds OMAC with the 
potential to revolutionize the design of wireless 
data networks from physical to data li nk layers. 
We suggest that cross-layer opportunistic sched¬ 
uling can combine with adaptive power control 
scheme and CAC scheme to provide QoS support 
in WiMAX networks. 

Orthogonal frequency-division multiple access 
(OFDMA) is a multi-user version of the orthogonal 
frequency-division multiplexing (OFDM) digital 
modulation scheme. OFDM can combat multi- 
path with more robustness and less complexity. 
OFDMA technique offers not only the frequency 
diversity by spreading the carriers all over the used 
spectrum but also the time diversity by optional 
interleaving of carrier groups in time. OFDMA 
technique can use the cell capacity to the utmost 
by adaptively using the highest modulation a user 
can use. To design a scheduling algorithm with 
MAC-PHY cross-layer approach to effectively 
fill time-spectrum block in WiMAX networks is 
a new emerging trend. 

With the advance of wireless region area net¬ 
work (WRAN) driven by IEEE 802.22 standard, 
WiMAXnetworks can coexist witha WRAN. The 
end-to-end QoS support mechanism s by cognitive 
spectrum sensing and intelligent opportunistic 
spectrum or sub-carrier allocation is another new 
emerging trend. 

CONCLUSION 

QoS support in WiMAX is a fundamental design 
requirement, and is considerably more difficult 
than in wired networks, mainly because of the 
variable and unpredictable characteristics of 
wireless links. 

In this chapter, we discuss various QoS sup¬ 
port techniques, e.g. QoS support architecture, 
bandwidth management mechanism and packet 
scheduling schemes proposed in WiMAX net¬ 
works. We evaluate representative schemes from 
each with respect to major distinguishing char¬ 


acteristics of the WiMAX MAC layer and PHY 
layer as specified in the IEEE 802.16d standard. 
We also discuss and highlight research trends on 
QoS support issues in WiMAX networks. 
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ABSTRACT 

Fourth generation (4G) wireless networks aim at supporting various multiservice applications over IP 
architectures which satisfy enhanced users demands through innovative services of increased Quality 
of Service (QoS). QoS can be assured through independent optimal design of network components or 
by optimizing interoperability. The supported services impose also their classification into IP network 
service models and their specifications description. The integration of different wireless access tech¬ 
nologies into the 4G network architecture leads to a heterogeneous network environment that raises 
several issues. An overview of various approaches employed to provide QoS in 4G networks concerning 
their architectures, different access technologies interoperability and resource management techniques 
are investigated in this chapter. Dynamic resource allocation, admission control, QoS provision using 
mobile management and pricing policies are presented. Concluding, in the demanding 4G environment 
under variable network conditions, appropriate schemes and architectures may provide a robust network 
management tool for QoS provision and efficient resource utilization. 
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INTRODUCTION 

The new social and economic trends having 
evolved worldwide such as the increasing de¬ 
mand for productivity and effectiveness, busi¬ 
ness travelling all over the world along with the 
pressure to respond immediately to customer 
needs have created an increased need for access 
to information any where in the world at anytime. 
The convergence of information communications 
technology and computing is creating demand and 
opportunities for ubiquitous computing via wire¬ 
less and mobile equipment without technological 
restrictions. Next Generation Networks (NGNs) 
such as forth generation (4G) networks, also 
known as beyond third generation (Beyond 3G), 
aim at providing ‘optimal connection anywhere, 
any time’. 4G networks support large scale global 
roaming across multiple wireless and mobile 
networks providing diverse applications over 
packet-switched networks. 

One issue of utmost importance in 4G networks 
is the expected integration of all heterogeneous 
wired and wireless access technologies (e.g. cel¬ 
lular 3G/UMTS, IEEE 802.11 WLAN, Bluetooth, 
IEEE 802.16 WIMAX, BWA) into a common 
scalable network infrastructure. The terminals of 
4G technology will incorporate almost all existing 
wireless options implemented in a unified environ¬ 
ment assuring end - to - end Quality of Service 
(QoS). The rise of service-enabling technologies 
and platforms will help. These services include 
voice, data, message, video and world-wide web 
with high data rates and QoS, security measures, 
location awareness and energy efficiency ensuring 
better adaptation to users requirements and traffic 
conditions compared to existing 3G technologies 
(Varshney & Jain, 2001). 4G networks will be 
based on a common, flexible and seamless all- 
IP protocol (Wisely et al, 2003), where mobile 
terminals will need to be highly integrated multi- 
mode, multiband, and able to utilize a wide range 
of applications, incorporating better scheduling 
and Call Admission Control (CAC) techniques 


constituting a robust communication model and 
architecture. The use of the IP protocol will assure 
interoperability with existing widely accepted 
communication structures. These features offered 
by 4G networks will encourage new demand and 
create new technological and business opportuni¬ 
ties not only for manufacturers and operators but, 
also, for service and content providers and above 
all for the end users. 

In this book chapter a comprehensive survey 
on 4G networks regarding their characteristics, 
network architectures and dynamic resource man¬ 
agement for QoS support is performed. The chapter 
is intended to provide a review into the most critical 
issues emerging in 4G networks. The chapter is 
composed of two main sections, organised as fol¬ 
lows. In the first section, entitled “QoS provision 
in 4G networks” the key aspects of QoS provision 
techniques are presented, taking into account 4G 
networks specifications. In this section challenges 
related to the heterogeneity of 4G networks such 
as the need for seamless handoff among different 
access networks or between two access points 
of the same network and the best connectivity 
problem are described. Another important issue 
presented in the first section is the different access 
technologies interoperability, where the two most 
prevailing architectures are presented, focusing on 
the integration of Wireless Local Area Networks 
(WLAN s) and cellular networks towards a unified 
heterogeneous network. The first section is con¬ 
cluded with a subsection concerning the Service 
Classes (SCs) supported by the network, which 
are mapped into the corresponding IP network 
service models. In the second section entitled 
“Dynamic resource allocation and call admission 
control”, resource management issues related to 
4G are surveyed. The diverse QoS requirements 
of the SCs supported and the dynamic nature of 
the wireless channel impose the use of efficient 
resource allocation techniques such as bandwidth 
reservation, bandwidth degradation and resource 
allocation with QoS renegotiation, which are pre¬ 
sented in this section. Moreover, the integration 
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of game theory in resource allocation and CAC 
schemes is demonstrated, since it constitutes a 
recent trend in dynamic resource management. 
Also, dynamic pricing and CAC schemes are 
demonstrated, denoting the role of pricing as an 
additional dimension of CAC for efficient use of 
resources in heterogeneous 4G networks. Finally, 
future research directions are presented regarding 
the design of cross-layer architectures for QoS 
provision in 4G networks. 

BACKGROUND 

In general, QoS provision in wireless networks 
is established based on two basic frameworks, 
namely Radio Resource Management (RRM) and 
mobility management. The resource management 
is the part of the network responsible for the ef¬ 
ficient distribution of the available resources. It 
also guarantees QoS with regard to parameters 
like bandwidth, delay, reliability, whereas the 
mobility management addresses issues like 
handoff, location registration, roaming, etc. The 
above parameters and issues are critical for the 
demanding environment of future 4G networks. 
Radio resource management is again implemented 
in two levels: a) macro level involving CAC, 
gross traffic classification and bandwidth alloca¬ 
tion that manage resources at session level and b) 
micro level including mechanisms dealing with 
the MAC layer and packet scheduling at timeslot 
level used to control QoS parameters such as 
delay and jitter (Wu, 2005) Of course, the physi¬ 
cal layer mechanisms including channel coding 
and power control are also important as parts of 
micro level resource management. This chapter 
addresses macro level resource management 
and the problem of providing QoS for multiple 
SC applications in the unified communication 
environment of 4G networks. 

Two are the dominant factors that influence 
QoS over wireless access networks. Related to the 
coupling of QoS assurance with mobility man¬ 


agement, the first target is to preserve the same 
QoS level during and after a handover. As mobile 
cha nn el is time-variant, the second target is to 
dynamically manage the wireless resources. Adap¬ 
tive modulation techniques can adapt the terminal 
characteristics considering the physical layer to 
the varying channels and adjust the resources used 
to particular requirements of every SC. Adapta¬ 
tion strategies may also be implemented in other 
network elements. To adapt the network opera¬ 
tion to the varying channel behaviour, cross-layer 
algorithms are employed to adjust configurable 
components to particular user applications, or 
system-performance requirements. Such algo¬ 
rithms are already present in legacy networks 
based either on the adaptation of the transmission 
codec to channel quality or on the selection of 
the proper transmission channel according to the 
bandwidth required by upper layers. 

QoS in 4G networks can be defined and 
applied based on two different approaches con¬ 
cerning QoS management. The first is based on 
the relative treatment of the supported traffic 
flows. Each traffic flow corresponds to various 
SCs with different requirements as to system 
resources and QoS. Therefore, the various SCs 
must be independently treated according to their 
qualitative characteristics. For example, different 
priority levels may be assigned to each SC sup¬ 
ported through an appropriate admission control 
mechanism. Appropriate prioritization criteria 
incorporated into the admission control mecha¬ 
nisms can give higher priority e.g. to Web traffic 
compared to an e-mail. This technique may be 
used by the network to provide a relatively faster 
forwarding of Web traffic, although no absolutes 
guarantees are given. 

The second approach is quantitative and aims 
at assuring the transmission capabilities required 
based on the appropriate metrics such as through¬ 
put, delay or PLR. For example, video-streaming 
may require a guaranteed bit rate of 32 kbps so 
that it may be reproduced at the terminal without 
any interruption at an acceptable quality level. 
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This approach is merely based on QoS negotiation 
and through Service Level Agreement (SLA). The 
rationale behind this approach is that the service 
is provided based upon a set of metrics agreed by 
both the customers and the service providers. An 
SLAis a service contract between the customer and 
the service provider that specifies the forwarding 
service received (Blake, Black, Carlson, Davies, 
Wang & Weiss, 1998); it may include traffic rules 
and agreement in whole or in part. An SLA may 
contain both technical and non-technical terms and 
conditions. The technical specification concern¬ 
ing the IP connectivity service is given in Service 
Level Specifications (SLSs). An SLS contain s a 
set of technical parameters and their agreed values, 
which define the QoS service level offered by 
network service models like the DiffServ model 
(Mykoniati, Charalampous, Georgatsos, Damila- 
tis, Goderis, Trimintzios, Pavlou, Griffin, 2003; 
Moon & Aghvami, 2003). The SLS is associated 
with several attributes, for example, ingress and 
egress interfaces, flow identification, traffic en¬ 
velop and traffic conformance parameters. The 
traffic conformance parameters include data flow 
specifications described by the FlowSpec that 
constitutes the basis for SLA negotiations. 


QOS PROVISION IN 4G NETWORKS 

QoS Provision & Specifications 
Related to 4G 

The converged broadband wireless environment 
of 4G networks must take into account QoS speci¬ 
fications. QoS customization with regard to the 
variety of services supported has been one of the 
main goals in the development of 4G networks. 
QoS can be defined as the ability of a network 
to provide a satisfactory service with regard to 
specific criteria. Among these criteria are voice 
quality, signal strength, low call blocking and 
dropping probabilities and high data rates for 
multimedia and data applications. An efficient 


QoS design must treat different services or users 
in a specialized and cost-efficient way aiming 
at a good end-user experience when he uses a 
particular service. Considering that the end-users 
perception of the QoS varies according to the 
application, it is essential to define a set of com¬ 
mon parameters which will translate the service 
requirements to the underlying protocols. These 
parameters incorporate the system compliance to 
users requirements. For example the reliability 
of 4G networks is expected to attain 99.999%, 
referred to as five nine reliability. The major 
challenges when considering QoS in 4G networks 
includes the efficient allocation and use of radio 
resources such as power and spectrum, the opera¬ 
tion adaptive to cha nn el variations characteristics, 
tolerance to systems faults and handoff support 
among heterogeneous wireless networks. QoS in 
heterogeneous 4G networks should comply with 
certain requirements imposed when network ar¬ 
chitecture incorporates different technologies: 


Independence of the specific radio access 
technologies. 

Inter-working with different mobility con¬ 
cepts for seamless handover. 

Independence of particular QoS provision 
techniques. 


In wireless mobile networks, QoS is interpreted 
by good transmission quality, service availability 
and minimum delay. In packet-oriented wireless 
services, network overloading can cause excessive 
packet delay and/or jitter. The throughput level 
determined either at network or at user level may 
also drop to unacceptable levels. Hence, QoS 
must define the mi nimum performance levels 
with regard to latency, jitter and Packet Loss Rate 
(PLR) required by a certain service. These QoS 
specifications should be used in the CAC phase as 
the respective admission criteria. Assuring QoS for 
various applications with diverse characteristics 
is a primary objective in 4G networks. Diverse 
QoS requirements are usually expressed in terms 
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of minimum data rates, delay bounds and respec¬ 
tive probabilities. For network based services QoS 
depends on the following factors: 

• Throughput : The packet rate through the 
network. 

• Delay : Time required by a packet to travel 
from one end to the other. 

• Jitter. The variability over time of packet 
latency through the network. 

• Packet Loss Rate : The rate at which pack¬ 
ets are lost. 

• Reliability : The availability of a 

connection. 

Apart from the factors affecting the perceived 
QoS, appropriate guarantees should establish the 
actual QoS provided to users. QoS guarantees are 
essential in defining upgraded system reliability. 
In applications where no packet must be lost or 
delayed during transmission, the strict guarantees 
usually imposed are called deterministic or hard 
guarantees. On the other hand, applications that do 
not require stringent QoS levels and can tolerate 
a certain degree of QoS relaxation have different 
types of QoS guarantees, commonly referred to 
as statistical or soft guarantees. 

Challenges Related to 
Heterogeneous Networks 

The interaction of different mobile access net¬ 
works gives rise to new challenges (Buddhikot 
Chandranmenon, Han, Lee, Miller & Salgareli, 
2003; Salkintzis, Fors & Pazhyannur2002; Pahla- 
van, Krishnamurthy, Hatami, Ylianttila, Mareka, 
Pichna, 2000; Floroiou, Ruppelt, Sisalem, & 
Stephanopoli 2003; Zhuang, Gan, Loh & Chua 
2003; Gao, Wu & Miki, 2004). One challenge 
is to implement seamless mobility management 
schemes (Zhang, Guo, Guo & Zhu, 2003; Pang, 
Chen, Chen & Agrawal, 2004; Akyildiz, Xie & 
Mohanty, 2004). The current dominant aspect 
is that Mobile IP will be used to provide global 


roaming within heterogeneous mobile networks 
(Perkins, 2002). However, even if the terminals can 
adapt to the different radio interfaces, maintaining 
the service continuity of mobile terminals through 
diverse environments is a complex issue that 
current relatively simplistic handover algorithms 
cannot support. Handoff methods shall enable 
mobile terminals to maintain connectivity when 
moving between cells, between systems, between 
frequencies and at the upper layers, between IP 
subnets. Moreover, mobile nodes must be able 
to interoperate within different networks regard¬ 
less of the different signalling protocols, routing 
techniques and mobility management standards. 
The enhancement of basic Mobile IPv6 (MIPv6) 
as IP based mobility management with respect 
to handover latency it is been studied within the 
framework of the EU 1ST project Moby Dick 
(Gozdecki, et al., 2003; Jahnert, et al., 2005). 
Sophisticatedhandover policies and strategies are 
able to exploit the available network resources; 
optimal decisions can be made by taking into 
account factors such as system performance, 
network conditions, service type and user status 
and preferences. 

Vertical and Horizontal Handoffs 

Developing a seamless handoff procedure is an 
important challenge (Pahlavan, Krishnamurthy, 
Hatami, Ylianttila, Mareka, Pichna, 2000; Flor¬ 
oiou, Ruppelt, Sisalem, & Stephanopoli, 2003; 
Manzoni, Ghosal & Serazzi, 1995; Gupta, 2004). 
The problem of vertical handoff is defined in the 
context of heterogeneous network architectures 
as a handoff of a user that moves across differ¬ 
ent types of networks employing different access 
technologies (global handoff) (Akyildiz, Xie & 
Mohanty 2004). On the other hand, a horizontal 
handoff is a handoff between two access points or 
neighbouring cells using the same access network 
technology (local mobility). The two types of 
handoffs are depicted in Figure 1 as an example 
of their operation. 
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Figure 1. Vertical and horizontal handoff 



Horizontal Vertical 

Handoff Handoff 


To make handoff decisions, the quality of the 
radio channel is estimated to detect any signal 
degradation and select the new cell to handoff. 
In heterogeneous networks, this means that the 
mobile ter mi nal should be able to measure the 
quality over technologically different systems 
while keeping the original link. Handoff deci¬ 
sions depend on the signal strength received at 
the mobile terminal from both networks, taking 
also into account its velocity and its location. If a 
vertical handoff is triggered only by received sig¬ 
nal strength, it may cause unnecessarily frequent 
handoffs, as in interoperation of 3G and WLAN 
networks, where frequent handoffs may degrade 
the performance of a user moving at a high velocity 
due to the small coverage of WLAN. 

In this case, 3G networks may support a fast 
moving user more efficiently as they cover wider 
areas. Also, “ping-pong” effects, taking place 
near cell borders when mobile terminals are con¬ 
tinually handed off between two cells should be 
prevented. Therefore, network selection criteria 


in heterogeneous networks must be defined taking 
into account the users location. 

In heterogeneous wireless environments, a 
vertical handoff mechanism needs to consider 
not only the parameters related to the physical 
layer but also those related to the network and the 
transport layer. A framework for vertical handoffs 
was presented where the handoff decision criteria 
take into account service type, data rate require¬ 
ment, network condition, and cost of handoff 
(McNair & Zhu, 2004). A dynamic optimization 
scheme was proposed to guarantee QoS to mobile 
users while maximizing the network utilization. 
Amobility management solution was proposed to 
handle vertical handoff and network roaming in 
heterogeneous wireless networks (Vidales, Bali- 
osian, Serrat, Mapp, Stajano & Hopper, 2005). 
However, maximization of the network utility 
from the service providers point of view was not 
considered in these works. A very interesting 
concept for vertical handoff has been developed 
under the Simultaneous Multiple Access (SIMA) 
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for Vertical Handover (VHO) project (Ylitalo, 
Jokikyyny, Kauppinen, Tuominen, & Laine, 2003; 
Nikkila, Langutin, Asplund & Ranta 2004). The 
SIMA describes the ability to use multiple network 
interfaces in a terminal simultaneously by routing 
different data flows through different interfaces 
depending on the users desire. In SIMA access 
and network selection could be based on user 
profiles or policies. The SIMA concept places 
the individual connections in the best available 
networks at any location, based on user/applica¬ 
tion/operator needs. The SIMAproject constitutes 
a reliable solution for providing maximization in 
network capabilities utilization, providing QoS 
to end users. 

The problem of integrating WLANs into cel¬ 
lular wireless networks was investigated in the 
literature, a hierarchical and a distributed RRM 
framework were designed to support seamless 
handoff and roaming across cellular networks 
and WLANs (Karetsos, Kyriazakos, Groustiotis, 
Giandomenico & Mura, 2005; Shenoy & Mon¬ 
talvo, 2005). The QoS mapping and Internet work 
message translationmechanisms were designed to 
support seamless handoff among multiple WLAN s 
and cellular networks. In 2004, the development 
of the emerging IEEE 802.21 standard started, 
to enable handover and interoperability between 
heterogeneous networks including both 802 and 
non-802 networks (Gupta, 2004; Mussabbir, 
Yao, Niu, & Fu, 2007). This standard provides 
a reliable framework enabling interoperability 
and seamless handovers between networks of the 
same type as well as handoff between different 
network types, also known as Media Independent 
Handover (MIH). The scope of the IEEE 802.21 
MIH is to develop a standard that could provide 
li nk layer intelligence and other network related 
information to upper layers to optimize handoffs 
between heterogeneous media. The main novelty, 
thatthelEEE 802.21 standard proposes, is related 
with the MIH function that is defined as a shim 
layer between the L2 data link layer and the L3 
network layer. Three types of MIH services are 


defined (event, command and information) that 
facilitate the mobility management and handover 
process in heterogeneous networks (Lim, Kim, 
Suh, & Won, 2009). Finally, the IEEE 802.21 
standard deployment will enable innovative ser¬ 
vices in broadcasting and telecommunications 
convergence. 

Another issue is how to manage the handoff 
triggering time. The delay of vertical handoffs is 
usually longer than that of horizontal handoffs, 
since an authentication procedure may be neces¬ 
sary when a terminal crosses different networks. 
The handoff latency is longer when loosely 
coupled integration is employed, though this is a 
more feasible solution. When an upward handoff 
from a smaller cell to a larger cell occurs, the 
host loses more data packets as the handoff delay 
increases while moving out of the coverage of the 
previous cell. When a downward handoff occurs, 
a host can still receive data packets since it is still 
in the larger cell. The Internet Engineering Task 
Force (IETF) Network Working Group proposed 
some recent and appropriate mobility management 
protocols such as the Hierarchical Mobile IPv6 
Mobility Management (HMIPv6) and Fast Han¬ 
dovers for Mobile IPv6 (FMIPv6) protocols. The 
HMIPv6 protocol (Soliman, Castellucia, Malki 
& Bellier, 2005) is the enhancement of Mobile 
Internet Protocol version 6 (MIPv6) designed to 
reduce the amount of signaling required and to 
improve the handoff speed of mobile connections. 
The HMIPv6 concept is simply an extension to the 
MIPv6 protocol to handle local and global mobility 
separately. The MIPv6 handles global mobility and 
local mobility with the same mechanisms, causing 
inefficient use of resources in the case of global 
mobility. In HMIPv6, global mobility is managed 
by the MIPv6 protocols, while local handoffs are 
managed separately and locally. In HMIPv6, a 
new function called the Mobility Anchor Point 
(MAP) is introduced serving as local entity to 
aid in mobile handoffs. Just like the MIPv6 this 
solution allows mobility within or between differ¬ 
ent access technologies. MIPv6 involves a lot of 
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signaling and processing for handoffs, requiring 
a lot of resources. The MAP in HMIPv6 helps 
to decrease handoff-related latency, providing 
seamless handoffs as local MAP can be updated 
more quickly than a remote agent. The FMIPv6 
protocol aims at reducing the handover latency 
(Koodli, 2005, Koodli, 2008). This improved 
performance is beneficial to every supported type 
of applications. Through this protocol the problem 
of handoff latency is addressed adequately. 

Best Connectivity Problem 

Another major challenge is to obtain the best 
connectivity. It may be formulated as a complex 
optimization problem where several issues must 
be dealt with (Bari & Leung, 2007). The analysis 
is done from the point of view of every participant 
examining the cost and benefits of each access 
solution. The following normalized cost function 
is used and should be minimized. 

f(n) = w b -Yn — + w e - In E h +w c - In C n , (1) 

B 6 n c n 

where B is the bandwidth of the n network type, 
E is the network power consumption, C is the 
cost of network and w w w, w c are weights as¬ 
signed to each parameter w. = 1 j (Wang, Katz 

& Giese, 1999). The terms of the cost function 
are independent of each other. Considering, an 
IP-network the network cost C will be a strong 
function ofthe requested and offered quality to the 
users and the available bandwidth. The bandwidth 
parameter estimates thecurrentnetworkcondition. 
Power consumption and cost are parameters with 
fixed values; namely, the users ter mi nal battery 
life and the maximum amount of money the user 
is willing to spend for a period of time, respec¬ 
tively. Following this approach the goals are: a) 
to maximize the level of perceived QoS and b) 
to mi ni miz e the cost provided that certain QoS 
constraints are satisfied. The cost may be evaluated 


by using the cost function defined above always 
comparing competitive networks (Wang, Katz & 
Giese, 1999). Then, an appropriate utility function 
is used to determine the best offer according to 
price and quality: 

u = [a(?-?) + (i-a)(p-p)]e(p-p)e(?-?) 

( 2 ) 

fe(jc) = 1 if x > 0 

With [©(*) = 0 else ’ (3) 

where q is the evaluated quality value, q is the 
minimum quality that a user is willing to accept, 
p is the price of the network connection, p is the 
maximum price that a user is willing to accept and 
a is a parameter between 0 and 1 which indicates 
the users sensitivity between quality and cost. For 
each access network, through the application of 
the utility function, the network providing the 
maximum utility value u is selected. Otherwise, 
another network selection mechanism for 4G 
wireless networks is proposed using gray relation 
analysis to decide which network should be used 
by every terminal based on users preferences, ap¬ 
plication requirements, and network conditions 
without considering the bandwidth allocation 
problem (Song & Jamalipour, 2005). 

Different Access Technologies 
Inter-Operability 

Driven by the “service anywhere and anytime” 
concept, it is well accepted that 4G wireless net¬ 
works will be heterogeneous, integrating different 
networks to provide seamless access for mobile 
users with multimode access capability. The cel¬ 
lular networks and WLANs deployed will be both 
included along with other access networks. One 
major challenge is to achieve inter-working of 
the cellular and WLAN in order to exploit their 
advantages andtheirunique features (Shi, Shen, & 
Mark, 2004; Song, Jiang, Zhuang & Shen, 2005; 
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Figure 2. Tight coupling architecture 



Song & Zhuang, 2005). Specifically, WLANs 
systems provide very high data rates but less mo¬ 
bility while on the other hand; cellular networks 
provide wide mobile coverage and universal 
roaming support. Their combination will result 
in a network providing very high data rates and 
mobility support. Based on the correlation between 
the two access networks, the main inter-working 
architectures can be classified into two categories: 
tight and loose coupling architectures. 

Tight Coupling Architecture 

In tight coupling architecture the WLAN is con¬ 
nected to the cellular core network as a cellular 
radio access network. In other words the WLAN is 
embedded into the cellular core network as shown 
in Figure 2. For example, the integration point of 


WLANs to a Universal Mobile Telecommunica¬ 
tions System (UMTS) core network can be the 
serving GPRS support node (SGSN) (Salkintzis, 
Fors & Pazhyannur, 2002) or the gateway GPRS 
support node (GGSN) (Buddhikot, Chandran- 
menon, Han, Lee, Miller & Salgareli, 2003). Oth¬ 
erwise, the integration can be done by connecting 
the access point to the Radio Network Controller 
(RNC). Auser roaming across the two domains is 
based on the mobility management protocols of 
the cellular networks, thus enhancing the inter¬ 
domain mobility management capability. 

The main drawbacks of the tight coupling ap¬ 
proach are (Song, Jiang, Zhuang & Shen 2005): 

• An interface in the cellular core network 
exposed to WLANs is required, which is a 
challenge by itself since it is likely that the 
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two domains are developed and deployed 
independently. 

• A large volume of WLAN traffic will go 
through the cellular core network, render¬ 
ing it to a network bottleneck. 

• WLANs must have a protocol stack com¬ 
patible with that of cellular networks. The 
induced complexity and cost may ham¬ 
per the deployment of a tight coupling 
architecture. 

A QoS model to support tight coupling archi¬ 
tecture was proposed consisting of the following 
components: the Policy Provisioning Module 
(PPM) responsible for user mapping by deciding 
which traffic class auserbelongs to corresponding 
to different priority level and then it handles the 
users request to the connection admission control 
module for further processing of the request as to 
allow the traffic or not, the connection admission 
control module that manages the traffic flows 
admitting the number of flows that can be served 
and allocates bandwidth to them maintaining 
QoS requirements of existing connections, the 
QoS Mobility Management Module (MMM) that 
inspects the terminals condition (connected, idle, 
disconnected) and those active nodes moving in 
high speed and the QoS monitoring module that 
monitors the satisfaction of QoS metrics providing 
the appropriate feedback (Wang, Mellor & Al- 
Begain, 2004). The connection admission control 
module first receives a connection request from 
the PPM and then it consults the MMM to know 
about the mobility status and the information 
about nodes. Then, it uses reservation protocols 
such as Resource Reservation Protocol (RSVP) 
to reserve connections. 

The RSVP, described by Braden, Zhang, Ber- 
son, Herzog & Jamin, (1994), is a transport layer 
protocol designed to reserve resources across a 
network. RSVP provides a general facility for 
creating and maintaining distributed reservation 
state across a mesh of multicast and unicast de¬ 
livery paths. RSVP can be used by either hosts 


or routers to request or provide specific levels of 
QoS for application data streams, ft defines how 
applications place reservations and how they can 
relinquish the reserved resources once the need 
for them has ended. Nowadays, RSVP by itself is 
rarely deployed in telecommunications networks 
as RSVP Traffic Engineering (RSVP-TE), is 
becoming more widely accepted in many QoS- 
oriented networks (Awduche, Berger, Gan, Li, 
Srinivasan, & Swallow, 2001). RSVP-TE protocol 
is an addition to the RSVP protocol for establishing 
Label Switched Paths (LSPs) in Multi Protocol 
Label Switching (MPLS) networks taking into 
account network constraints such as the available 
bandwidth, signaling and the processing overhead 
(Lee, Kim, Park, & Kim, 2007). The RSVP-TE 
supports the instantiationofexplicitlyroutedLSPs, 
with or without resource reservations, ft is used 
as a general facility for creating and maintaining 
distributed forwarding andreservation state across 
a mesh of delivery paths. RSVP-TE transfer and 
manipulate traffic engineering control parameters 
as opaque data passing them to the appropriate 
module for interpretation, ft also supports smooth 
rerouting of LSPs, preemption, and loop detection. 
The IETF working group, after2003, concentrated 
purely on RSVP-TE abandoning other inefficient 
protocols. 

Loose Coupling Architecture 

In loose coupling architecture, the gateway directly 
connects the WLANs to the Internet backbone. 
There is no direct link between the WLANs and 
the cellular core network (Buddhikot, Chandran- 
menon, Han, Lee, Miller & Salgareli 2003). The 
loose coupling architecture is presented in Figure 
3. The main advantage of this approach is the 
independent deployment of the two access net¬ 
works and that each one will not be a bottleneck 
to the other. The most serious disadvantages is 
that roaming between networks is difficult; as 
the two domains are distinct, the handoff signal- 
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Figure 3. Loose coupling architecture 



ling related to mobility may traverse a long path, 
causing high handoff delay. 

To interconnect heterogeneous IP-based wire¬ 
less access networks with the Internet backbone 
in 4G networks, it is well recognized that an 
all-IP DiffServ platform is most suitable (Moon 
& Aghvami, 2003). Loose coupling architecture 
for heterogeneous inter-working can cooperate 
perfectly with the DiffServ platform and the ser¬ 
vice models constituting a robust architecture for 


seamless broadband access (Cheng, Jiang, Zhuang, 
Niu & Lin 2005). The main reasons are: 

• DiffServ is a scalable mechanism based on 
a limited number of SCs, as no per-flow 
processing is needed in core networks. 

• Service mapping between the inter-work¬ 
ing wireless access networks is reliable and 
the service models of the same categories 
have similar QoS requirements. 
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• The DiffServ platform adopts a domain- 
based architecture where each domain in¬ 
dependently choose its own system mecha¬ 
nisms as long as its SLAs with neighboring 
domains are satisfied (Moon & Aghvami, 
2003). Such a domain-based architecture 
allows flexibility and convenience in de¬ 
ploying each domain independently, and 
developing, modifying, or exchanging 
the techniques in a domain without a sig¬ 
nificant effect on the overall system. It fits 
very well with the loose coupling architec¬ 
ture where the inter-working networks are 
considered independent. 

• A fast handoff procedure is required for 
seamless roaming in and among wireless 
access networks. The popular solution for 
fast handoff is to use Mobile IP for inter¬ 
domain (macro-) mobility and to use mi¬ 
cro-mobility protocols for intra-domain 
mobility. Micro-mobility protocols can be 
seamlessly incorporated into the domain- 
based DiffServ platform. 

Therefore, the loosely coupled inter-working 
of cellular networks and WLANs, implemented 
in a domain-based DiffServ platform, matches 
well with the evolution toward an all-IP 4G in¬ 
frastructure. 

Network Services Models 

The introduction of new services with different 
QoS requirements requires the description of 
their specifications and their incorporation into 
network service models. The QoS requirements 
concerning the bandwidth and the tolerable delay 
of various types of multimedia traffic vary signifi¬ 
cantly over a wide range of values. For example, 
voice traffic requires a bandwidth of only 10-20 
kb/s whereas high quality video may require 500- 
1000 kb/s. On the other hand, voice and video 
conference traffic are delay intolerable, whereas 
internet applications like file transfer can tolerate 


delay. As previously mentioned it is essential that 
service interoperability among different access 
technologies must be provided in 4G networks. 
This motivates to efficiently map the SCs onto 
the main wireless access technologies and the 
IP network core to achieve interoperability and 
efficient network operation. 

Among the various service models and mecha¬ 
nisms proposedby the IETF concerning the IPpart 
of a network, two approaches, namely Integrated 
Services (IntServ) and Differentiated Services 
(DiffServ), are the prevailing solutions (Niyato 
& Hossain, 2005). On the other hand, 3GPP 
described analytically the traffic classes for the 
existing 3G wireless mobile network. The use of 
these models proposed for network services can 
establish interoperability between 4G networks 
and the IP architecture. 

Integrated Services (IntServ) 

Aiming at providing end-to-end QoS, the IntServ 
architecture is characteristic of resource res¬ 
ervation. The IntServ framework for QoS was 
introduced in 1994 as an attempt to provide 
different types of traffic service in the same net¬ 
work (Braden, Clark & Shenker, 1994). After its 
introduction, several upgrades have been made. 
IntServ uses admission control, rate control and 
basic resource reservation mechanisms to deliver 
QoS. The framework takes into consideration the 
different QoS requirements employing service 
differentiation and resource reservation. The ap¬ 
plication must set up paths and reserve resources 
before data transmission. The IntServ approach 
is based on per-flow service provision, which 
informs the routers along an end-to-end route 
about the resources required by each flow. The 
architecture uses an explicit setup mechanism, 
such as the RSVP, to convey information to 
the routers so that they can provide requested 
resources to the flows (Braden, Zhang, Berson, 
Herzog & Jamin, 1994). The RSVP by itself is 
rarely deployed, since the RSVP-TE is becom- 
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ing more widely accepted nowadays (Awduche, 
Berger, Gan, Li, Srinivasan, & Swallow, 2001). 
The original IntServ framework didnot specify the 
SCs supported. In 1997, the Integrated Services 
(IntServ) Working Group of the IETF specified 
three types of service, namely, the Guaranteed 
Service (GS), the Controlled-Load service (CL) 
and the Best-Effort (BE) service, with distinct 
QoS requirements and specifications (Wroclawski, 
1997; Shenker, Patridge & Guerin, 1997). These 
three SCs have different characteristics, concern¬ 
ing mainly the tolerance to delay and the various 
applications supported must be mapped onto these 
three SCs defined by IntServ. 

The GS guarantees that the packets will arrive 
within the guaranteed delivery time and that they 
will not be discarded due to buffer overflows, 
provided that the flow traffic conforms to its 
specified traffic parameters. This SC is used for 
Delay Non-Tolerant (DNT) applications which 
require a hard guarantee that a packet will arrive 
not later than a certain time period after its trans¬ 
mission. That is, GS does not control the minimum 
or average delay of a packet but it merely limits 
the maximum queuing delay; hence, jitter is not 
controlled. Examples that have hard real-time re¬ 
quirements and require guaranteed service include 
certain multimedia broadband applications. The 
delay consists of two components, namely fixed 
delay and queuing delay. Fixed delay is dependent 
on the transmission path which is not determined 
by the guaranteed service which determines only 
the queuing delay. 

CL service is intended to support numerous 
applications which have been developed for the 
Internet and are sensitive to heavy load conditions. 
To this class belong adaptive real-time applications 
offered by a number of vendors. These applications 
have been shown to work well in a lightly-loaded 
Internet environment but to degrade under heavy 
load conditions. The CL service does not specify 
any target QoS parameters. Instead, acceptance 
of a request for CL service implies a commitment 
by the network to provide a service closely ap¬ 


proximating the QoS, which the same requested 
flow would achieve under light load conditions. 
Both GS and CL service are designed to support 
real-time applications which require different QoS 
guarantees by the network. 

The BE SC offers the same type of service under 
the current Internet architecture. BE SC, do not 
include any kind of quality control notification or 
negotiation. That is, the network makes an effort to 
deliver data packets without guarantees. A service 
will be provided as long as the supported load and 
congestion is kept under certain limits. This type 
of service is sufficient for Non-Real-Time (NRT) 
applications which may use an end - to - end 
retransmi s sion strategy (i.e., TCP) to ensure that 
all packets are delivered correctly. Among these 
NRT applications most popular are FTP, e-mail, 
internet browsing. All of these applications can 
work without guarantees concerning the timely 
delivery of data packets. Another term for such 
NRT applications is elastic, since they are able 
to stretch gracefully in case of increased delay. It 
must be noted that these applications may benefit 
from shorter routes but that they do not become 
useless as delay increases. 

The implementation of the IntServ network 
models andits integration to 4G networks exhibits 
scalability problems. To overcome such problems, 
IETF proposed the DiffServ framework. 

Differentiated Services (DiffServ) 

The SCs supported by 4G networks canbe mapped 
to those used in Differentiated Services (DiffServ), 
enabling a seamless integration of wireless net¬ 
works with the IP-based architecture. DiffServ 
is one of the key network service models for 
QoS provision in the Internet, also employed in 
NGNs. DiffServ framework classifies the various 
network services differentiating them on the basis 
of users performance. The DiffServ architecture 
is based on a relative-priority scheme, which 
maps packets to predefined SCs. This is accom¬ 
plished via DiffServ Code Point (DSCP) which 
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is incorporated into the header of each IP packet. 
Packets belonging to different SCs are assigned 
different levels of QoS. If properly designed, the 
DiffServ architecture can offer great flexibility 
and scalability along with satisfaction of service 
requirements for multimedia streaming applica¬ 
tions. Instead of providing QoS on a per-flow 
basis as in the IntServ model, DiffServ deals with 
group of flows by aggregating several IP-flows of 
the same QoS into the same group. The DiffServ 
routers identify the group an IP packet belongs 
to through the service type field in the IP packet 
header. Every group of flows with the same QoS 
requirements is characterized by the same DSCP 
in the IP header informing the routers about the 
resources required. The application of this traffic 
management scheme accomplishes the satisfaction 
of QoS requirements. 

In the DiffServ model three groups of traffic 
services are provided: premium or expedited 
forwarding (EF), assured forwarding (AF) and 
best effort or default forwarding (DF). Through 
appropriate packet aggregation, the flow receives 
a particular forwarding treatment, Per-Hop-Be- 
haviour (PHB), at each network node. To assure 
QoS, privileged treatment in buffer management 
and scheduling is reserved for flows belonging to 
the EF or AF classes (Jacobson, Nichols & Poduri 
1999; Heinanen, Baker, Weiss & Wroclawski, 
1999). Particularly, the IETF DiffServ working 
group has specified the AF PHB which intends 
to provide different levels of forwarding for IP 
packets at a node; hence AF PHB can be used to 
treat multiple priority SCs. 

As mentioned above, the deployment of 4G het¬ 
erogeneous networks is based on the interoperabil¬ 
ity between mobile 3G networks and IP networks 
either wired or wireless. The QoS classes of 3G 
networks, defined in the technical specifications of 
3GPP, are four, namely the conversational, stream¬ 
ing, interactive and background classes (3GPP 
23.107, 2003). The distinguishing characteristic 
of these SCs is the sensitivity of the traffic with 
respect to delay. For example, the conversational 


SC includes delay-sensitive traffic, whereas the 
background SC is the less delay-sensitive class. 
Each of the above SCs can be mapped into the 
respective SCs of the DiffServ platform, unifying 
service classification in 4G networks. 

Conversational and streaming classes are in¬ 
tended for real-time traffic. The main difference 
between them is the degree of sensitivity with 
regard to the traffic delay. Conversational real-time 
traffic is the most delay-sensitive traffic. Voice 
telephony, voice over IP, and video conferencing 
belong to this traffic class. The maximum toler¬ 
able transfer delay is determined by the human 
perception of video and audio conversation and 
is very low and strict. Streaming class traffic is 
related to a user watching a real-time video or 
listening to real-time audio. This traffic is asym¬ 
metric and is arranged so that the intermediate 
time between information entities such as samples 
or packets is preserved (3GPP 23.107, 2003). 
Thus, conversational and streaming calls can be 
mapped to the expedited and assured forwarding 
SCs, respectively. 

EF is a SC mainly used to describe low packet 
loss ratio, low-delay and low-jitter services. This 
SC is quite similar to the Constant Bit Rate (CBR) 
service in an Asynchronous Transfer Mode (ATM) 
network and can be used to build an enhanced 
best-effort service: traffic is subjected to losses 
due to trans mis sion errors and to reordering caused 
by routing changes. However, through adequate 
queuing techniques, delay or delay variation is 
minimized. Therefore, the EF SC is generally 
used to carry, through the IP network, voice and 
data requiring high QoS standards similar to that 
of wired networks. AF is a SC that provides less 
strict guarantees as to PLR, delay and jitter. It is 
intended for networks that offer average SLAs, 
where traffic is expected to be elastic. In AF SC 
the receiver will detect losses and delay variations, 
providing proper feedback to the sender. Based on 
this feedback the sender adjusts its trans mi ssion 
rate to the available capacity. 
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Table 1. Service class mapping for interoperability in 4G networks 


3GPP Classes 

IntServ 

SCs 

DiffServ 

SCs 

Characteristics 

Applications 

Conversational 

Guaranteed 

Service 

Expedited (Premi¬ 
um Forwarding) 

Intolerant Real Time 

Preserve time relation between 
entities 

Stringent low delay 

Minimize delay variation 

Voice Calls 

Video Conference 

Streaming 

Controlled-Load 

Assured Forward¬ 
ing 

Tolerant Real Time 

Minimize delay variation 

Preserve time relation between 
entities 

Audio Streaming 

Video Streaming 

Interactive 

Best-Effort 

Best Effort 
(Default Forward¬ 
ing) 

Non Real Time 

Minimize bit error rate 

Request response pattern 

Preserve payload content 

Web browsing 

WAP browsing 

Server Access 

Data Bases 

Background 

Best-Effort 

Best Effort 
(Default Forward¬ 
ing) 

Non Real Time 

Preserve payload content 

Minimize bit error rate 

Less delay sensitive than the interac- 

File Download 


The interactive and background classes include 
traditional Internet applications such the World 
Wide Web (WWW) browsing, e-mail, telnet, File 
Transfer Protocol (FTP). These classes are less 
delay-sensitive compared to the conversational 
and streaming classes, but their content should be 
delivered with low error rate by means of cha nn el 
coding and retransmission. The main difference 
between the interactive and the background class 
is that the first is intended for interactive applica¬ 
tions such as web browsing, data base retrieval, 
or server access, whereas the second is intended 
for background traffic such as e-mail or file 
downloading. The round trip time is one of the 
key attributes of the interactive class. Therefore, 
traffic belonging to this class has higher schedul¬ 
ing priority compared to background class traffic; 
hence, background class traffic occupying system 
resources only when interactive applications do 
not need them. In background applications the 
destination does not expect data within a certain 
time period. Thus, interactive and background 
classes can both be mapped to best effort SCs 
with distinct priorities. Table 1 summarizes the 
above SC mapping with the corresponding SCs 


defined by 3 GPP providing interoperability of 
IP-architecture in beyond 3G wireless mobile 
networks and the wired network part of a 4G 
network, satisfying the specific QoS demands of 
every supported SC. 

The main difference between IntServ and 
DiffServ is their different treatment of packet 
streams. IntServ emphasizes on guaranteeing QoS 
on a per-flow basis requiring explicit signalling 
to reserve network resources along the end-to- 
end transmission. Not being able to monitor and 
process on a per-flow basis possibly millions of 
flow states, IntServ exhibits scalability problems. 
On the other hand, instead of focusing onper-flow 
treatment, DiffServ prioritizes the flows on an 
aggregate basis, i.e., a set of micro-flows with 
similar service requirements are treated equally 
based on the codepoint. Through appropriate 
distinct treatment of a limited number of SCs, the 
performance of the aggregated flow is guaranteed 
based on its PHB. However, DiffServ applies only 
to large scale networks and consequently, it cannot 
provide sufficient end-to-end QoS. 

As a compromise between IntServ and Diff¬ 
Serv, a framework combining them has been 
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proposed by IETF, where the DiffServ domains are 
viewed as a network element in the total IntServ 
end-to-end path (Bemet, et al, 2000). The idea 
behind this approach is to combine the distinct 
benefits of each framework, namely employ 
IntServ when possible (providing hard guarantees) 
and DiffServ where it is not possible to reserve 
resources, as for example in the backbone area. 
Based on this combined approach, a promising 
framework for end-to-end QoS could be created 
by embodying IntServ in the edge clouds and 
DiffServ in the core network. 

The above basic service classification, pro¬ 
vided by IETF for IP networks incorporated in 
4G networks, is just the starting point for different 
research areas and for the development of a wide 
set of mechanisms and protocols oriented to clas¬ 
sify, differentiate or provide a special treatment 
for each data flow. 


DYNAMIC RESOURCE ALLOCATION 
AND CALL ADMISSION CONTROL 

Dynamic Resource 
Allocation Schemes 

Bandwidth Reservation Techniques 

Despite the high data rate provided by the beyond 
3G wireless networks, bandwidth allocation is 
still a major issue for most real-time multimedia 
services. Due to diverse QoS required by mobile 
users and to the dynamic nature of the wire¬ 
less channel, adaptive bandwidth allocation is 
necessary to improve resource utilization. CAC 
schemes should be designed aiming at maximiz¬ 
ing resource utilization while guaranteeing QoS. 
In most cases, bandwidth is reserved for the 
exclusive use of handoff calls while the rest is 
shared by new and handoff calls. The key factor 
that influences the performance of such schemes 
is how to determine the amount of bandwidth to 
reserve. If the reserved bandwidth is not sufficient, 


the QoS requirement concerning handoff CDP 
ca nn ot be met. On the other hand, if the reserved 
bandwidth is unnecessarily high, a large number 
of new call requests will be rejected deteriorat¬ 
ing the QoS concerning the CBP of new calls. 
Furthermore, if the reserved bandwidth remains 
out of use for long waste of the limited radio re¬ 
sources is observed. Fixed reservation schemes, 
set the reservation level during system design ac¬ 
cording to estimates of the area traffic and to the 
distribution of channel occupancy time (Hong & 
Rappaport, 1986; Kulavaratharasah & Aghvami, 
1999). The reservation level remains fixed for 
each cell. However, since users are mobile, the 
configuration of the wireless network changes 
with time, resulting in over-reservation and/or 
under-reservation of bandwidth when the actual 
cell traffic diverges from its a priori estimation. 
Therefore, these schemes are not suitable for the 
demanding environment of NGNs such as 4G. 
Dynamic reservation schemes that make reserva¬ 
tion adaptive to the changes of traffic conditions 
are designed to deal with the appropriate selection 
of the reservation level (Oliveira, Kim & Suda, 
1998;Naghshineh& Schwartz, 1996) Employing 
adaptive bandwidth allocation, the quality of a call 
can be upgraded by assigning more resources un¬ 
der low traffic conditions. However, under heavy 
traffic, the additional bandwidth allocated to some 
ongoing calls will be taken back to accommodate 
more incoming calls, so that CDP and CBP are 
kept within the QoS requirements. 

Since a dominant feature of 4G networks is 
mobility, the respective resource management pro¬ 
cess is much more complicated than that of fixed 
wireless networks. None of the previous schemes 
fully exploited the position/mobility information 
about mobile stations. Since handoffs are also 
due to users mobility, the bandwidth reservation 
strategy must take mobility into consideration. 
One of the major advantages provided by mobil¬ 
ity information over traditional CAC schemes is 
“channel-reservation”. The concept is simple: if 
a cell is informed that a cha nn el will be required 
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at a precise time instant, the cell can do its best to 
ensure that this channel will be available. Levine, 
Akyldiz, & Naghshineh (1997) suggested the in¬ 
corporation of users mobility into the reservation 
making process. In this approach, it is the statisti¬ 
cal information concerning mobility (such as the 
probability density function of the call residence 
time) instead of the real-time parameters (such as 
speed and position) of each user that is used to 
implementthe reservation procedure. Reservation 
is made in both the immediate neighbouring cells 
and the next to them cells. Frequent changes of 
the users mobility pattern will result in inactive 
reservations in many cells. However, because 
channel-reservation is a waste of resource (a 
reserved-channel remains idle until the arrival 
of a call), an efficient reservation-based scheme 
should make the reservation at the latest possible 
moment. Therefore, it is necessary to have the 
most accurate possible knowledge about the call 
arrival time, and consequently, when the reserva¬ 
tion must be made. 

The study of the power received from different 
base stations and the analysis of the user popula¬ 
tion mobility pattern are many different ways of 
obtaining user behaviour information studied in 
the literature. In fact, when a mobile user moves, 
the transmission path between the source and the 
destination changes. If the new cell of a mobile 
is overloaded, the resources available may not be 
sufficient to guarantee its QoS. Consequently, the 
service might be interrupted. In certain cases when 
services with strict QoS specifications are required 
that should not be affected by users mobility, re¬ 
source reservation must be performed at each cell 
the mobile user moves into. In some other cases, 
the mobile user may accept service with flexible 
QoS requirements specifying that the acceptable 
QoS ranges from a minimum to a maximum 
level. Then, the system may try to reallocate the 
resources so that the QoS requirements of all the 
mobile users are satisfied in the new cell. Ye, Hou 
& Papavassiliou (2002) proposed an integrated 
framework for bandwidth management based on 


mobile agents The Predictive Mobility - Based 
Bandwidth Reservation scheme (PMBBR) is 
introduced to overcome the problems of existing 
reservation schemes. The scheme under consid¬ 
eration supports multiple SCs that require various 
QoS levels including strict, flexible and soft QoS 
requirements. Adaptive bandwidth reservation is 
performed in the cell a mobile user goes into in 
order to support seamless handoff. User mobility 
is taken into account by the reservation scheme 
so that the efficiency of handoff mechanisms is 
optimized and the unnecessary reservation of 
resources is kept to a minimum. Hence, a con¬ 
siderable improvement in system capacity and 
throughput is achieved. 

Bandwidth Degradation Techniques 

The bandwidth reconfiguration processes intend 
to allow the efficient resource redistribution in 
a cell so that the QoS requirements of all the 
mobile users are satisfied, especially when users 
with flexible QoS requirements are supported. 
Degrading ongoing calls (or sessions) to yield 
bandwidth for incoming calls has been proposed 
in the literature to achieve better performance in 
saturated networks with regard to the call drop¬ 
ping and the call blocking rates. Thus, a system 
may release a certain amount of bandwidth for 
new users by lowering the QoS levels of ongoing 
users if possible. The bandwidth utilization or the 
service provider’s revenues can be significantly 
improved by allowing QoS degradation. However, 
the impact of QoS degradation to individual us¬ 
ers, which is a crucial characteristic of QoS was 
overlooked in most of the literature. For example, 
though users can tolerate quality degradation to 
a certain extent, it is still preferable to give them 
higher QoS when more resources become avail¬ 
able. However, an important consequence of 
service degradation, namely the users behaviour 
with regard to the degraded service, has received 
relatively little attention. Though, the controlled 
degradation of ongoing calls enables the system 
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Figure 4. Trade-off between QoS degradation and user satisfaction 



to carry through more traffic and, hence, increase 
its revenues, reducing the users satisfaction on 
an individual basis, as depicted in Figure 4. This 
might result in eventual revenue losses for the 
service provider. 

Figure 4 illustrates this trade-off relationship, 
where the system revenue R increases as QoS de¬ 
creases whereas the users satisfaction decreases. 
Thus, performance metrics reflecting the average 
QoS level should be considered. Of interest are 
quality-degradable connections as long as their 
resultant quality remains within the QoS range 
specified by the user. Assuming k QoS levels, 
the bandwidth requirement of the ith quality level 
is denoted as BW. with BW ma =BW >BW>BW k = 
B W min . A base station may try to degrade the QoS 
of some ongoing users in order to admit more us¬ 
ers and improve the overall system performance. 
For example, it may be possible to achieve high 
bandwidth utilization and, at the same time, 
maintain a small CBP. In systems where QoS 
may significantly degrade, a user may receive 
different QoS levels during the connection dura¬ 
tion, depending on the cell load. Even if a user 
receives the highest QoS level when admitted to 
a cell, his QoS may still be degraded when some 
base stations encountered across his course decide 
to degrade his QoS in order to admit more users. 


To this end, two widely accepted performance 
metrics are introduced (Chou & Shin, 2004): 


The Degradation Ratio (DR): defined as 
the fraction of time during which a user re¬ 
ceives degraded QoS. For a multilevel QoS 
network DR is given by 


(BW -BW 

y ' ^ - k.T 

Z ^' BW 

DR = -=^22-, 

if a user receives QoS level i for T.. 


( 4 ) 


The Upgrade/Degrade Frequency (UDF): 
The frequency an ongoing user changes his 
QoS level 


Abandwidth degradation framework attempts 
to estimate the impact of users behaviour on system 
revenues, formulating an effective revenue func¬ 
tion to determine the optimal combined bandwidth 
degradation and admission policy that maximizes 
networks revenues (Das, Sen, Basu & Lin, 2003). 
The proposed framework aims at making an ap¬ 
propriate policy for CAC and resource sharing 
through combined modelling of high traffic and 
guaranteed QoS. These are two opposite goals 
since an improvement of either of them leads to 
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the degradation of the other. A cost function is 
formulated to describe the total system revenue 
offered by a particular bandwidth degradation 
policy. Akey point is how to determine an optimal 
policy maximizing the net revenue under various 
scenarios. The relevant simulations demonstrate 
that the system performance is highly sensitive 
to the proper choice of the degradation cost and 
revenue earned by every call admitted. There¬ 
fore, the system should be properly adjusted for 
maximum benefit. The framework is extended to 
a CAC scheme and since real-time traffic has a 
pre-emptive priority over non-real-time, a channel 
sharing scheme employing a Markov Modulated 
Poisson Process (MMPP)-based queuing model is 
proposed where average queue length is derived 
as a QoS metric (Das, Sen, Basu & Lin, 2003). 

Dynamic Allocation Schemes 
Using QoS Renegotiation 

QoS renegotiation upgrades the operation of 
dynamic allocation schemes. In the previous 
subsection only adaptive techniques concerning 
mainly bandwidth degradation of existing calls 
were described, aiming at temporarily increasing 
the network capacity. The main difference of QoS 
renegotiation compared to the previous techniques 
is that a continuous adaptive mechanism is ad¬ 
opted performing bandwidth adaptation either to 
degrade or to upgrade it depending on network 
conditions. Bandwidth degradation applies when 
a new or a handoff call arrives at an overloaded 
cell. According to the protocol, the bandwidth 
adaptation algorithm reallocates the bandwidth of 
existing calls to allocate the necessary bandwidth 
to the arriving call. The algorithm may extend the 
bandwidth of calls with lower bandwidth when 
an outgoing handoff call or a call completion 
takes place. 

QoS renegotiation canbe embedded as an inde¬ 
pendent module in various types of QoS provision 
and radio resource management schemes. Differ¬ 
ent CAC strategies have been introduced in the 


literature employing QoS renegotiation providing 
traffic regulation and QoS. QoS renegotiation has 
emerged as a promising solution for reliable CAC 
in heterogeneous networks supporting multiple 
SCs. In such networks, QoS renegotiation com¬ 
bined with prioritization schemes is employed for 
dynamic CAC. Therefore, in a system supporting 
multiple SCs, some calls are more likely to be 
upgraded or degraded. Both alternatives make 
certain assumptions concerning the hierarchy of 
upgrade or degrade assuring fairness and maxi¬ 
mum resource utilization: 

• Whenever an opportunity for upgrade 
exists, calls of higher priority are first 
upgraded. 

• Among calls of the same SC, the call with 
the lowest QoS level will first be upgraded 
to the next higher one. 

• Among calls of the same SC with the same 
QoS level, one will be randomly chosen to 
upgrade to a higher QoS level. 

• In case of degradation, calls of lower prior¬ 
ity will be degraded first. 

• Among calls of the same SC, the one with 
the highest QoS level will be degraded to a 
lower QoS level first. 

• Among calls of the same SC with the same 
QoS level, one will be randomly chosen to 
degrade to a lower QoS level if applicable 
(Li & Chao, 2007). 

One ofthe most popular call characteristics that 
are renegotiated is the bandwidth necessary for 
each application support. Different call types have 
different bandwidth requirements; call admission 
strategies employing bandwidth renegotiation 
can meet the resource demands more efficiently, 
achieving high bandwidth utilization. QoS char¬ 
acteristics and several requirements like resource 
allocation and bandwidth utilization constitute the 
inputs for the renegotiation module. The renego¬ 
tiation mechanism also prioritizes delay sensitive 
real time traffic over non delay sensitive. The 
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renegotiation scheme utilizes unused resources 
reserved for high priority SCs and reallocates 
them to flows of lower priority that, at the time 
of admission, were assigned less than actually 
requested. In other words, bandwidthrenegotiation 
is applied when available resources exist, aiming 
at increasing the overall bandwidth oriented for 
lower priority SCs while preserving the band¬ 
width oriented for higher priority SCs. Through 
the renegotiation technique, fairness among users 
of different SCs can be improved, assuring also 
high resource utilization and throughput. Simple 
CAC assigns different priorities to different QoS 
classes allocating bandwidth according to the 
class of the requesting application. CAC schemes 
employed, aim mainly at maximizing the number 
of admitted calls while satisfying the resource re¬ 
quirements. The renegotiation module introduces 
a dynamic character to CAC while it guarantees 
QoS. The various CAC schemes can also be ex¬ 
tended to dynamically reallocate the bandwidth 
released after call terminations. The reallocation 
of resources allows the traffic accepted at lower 
bandwidth levels than requested to upgrade their 
transmission rate. The renegotiation can be based 
on various metrics concerning bandwidth, such 
as the minimum and maximum requirements or 
the average usedbandwidth (Tragos, Tsiropoulos, 
Karetsos & Kyriazakos, 2008; Monego, Bodanese, 
Nacamura & Souza, 2005). 

In dynamic CAC, real time DNT applications 
corresponding to the conversational class are 
assigned maximum priority. Real time Delay- 
Tolerant (DT) calls like streaming applications are 
assigned intermediate priority. These classes of 
maximum and intermediate priority will be admit¬ 
ted only if there is sufficient bandwidth to satisfy 
their requirements. If not, their requests will not 
be admitted. The lowest priority is assigned to non 
real time applications corresponding to the 3 GPP 
interactive and background classes. Requests be¬ 
longing to these classes are admitted even when the 
network can afford less bandwidth than requested. 
In simple CAC schemes that do not employ QoS 


renegotiation, when bandwidth has been allocated 
to calls of maximum and intermediate priority it 
ca nn ot be transferred to a class of lower priority 
even when its freed after the termination of higher 
priority class call, resulting in a significant waste 
of resource. In a CAC scheme employing QoS 
renegotiation, a call of low priority can use more 
bandwidth that what was originally allocated. This 
is made possible because either unused resources 
destined to classes of higher priority or resources 
from terminated calls can be transferred to this 
class. When a new call of high priority arrives, 
the renegotiation mechanism can reduce the extra 
bandwidth allocated to low priority applications 
to the original bandwidth allocated to them by 
the admission control module. By taking back 
the extra bandwidth from low priority SCs and 
allocating it back to high priority SCs these SCs 
are not harmed. The renegotiation module just de¬ 
scribed employs efficiently the network resources 
to guarantee QoS, improve fairness and provide 
enhanced users satisfaction when possible. 

Game Theory in Resource Allocation 

One of the prevailing solutions for resource 
management and admission control with dynamic 
resource allocation in NGN networks is based 
on employing game theory. A cooperative game 
frameworkwasproposedforbandwidth allocation 
in 4G heterogeneous wireless access networks 
formulating the bandwidth allocation problem 
as a cooperative game and the solution, namely, 
the amount of bandwidth offered to a new con¬ 
nection, obtained from the Shapley value (Niyato 
& Hossain, 2006). This formulation is different 
from a non-cooperative approach where each 
network is a rational and selfish player aiming at 
maximizing its own profit. In a non-cooperative 
environment, the players (users or networks) com¬ 
pete to achieve their objectives. In a cooperative 
approach, groups of players (users or networks) 
seek fair resource allocation whereas in a non- 
cooperative approach, allocation is done based 
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on the individual users payoffs (bandwidth). A 
game-theoretic RRM framework following a 
non-cooperative approach for wireless access in 
heterogeneous networks like 4G is presented by 
Niyato &Hossain (2008). 

The problem of resource management follow¬ 
ing a dynamic resource allocation strategy should 
be separated into two sub-problems, one consider¬ 
ing resource management, at the network level and 
the other at the connection level. The objectives of 
dynamic resource allocation and reservation are 
to maximize network utilization through efficient 
resource allocation, achieve prioritization among 
different SCs supported and assure the QoS of 
ongoing connections when admitting new con¬ 
nections in a service area. 

At the network level, the available network 
bandwidth must be allocated to each service 
area. Many service providers offer wireless ac¬ 
cess services in a non cooperative way trying to 
maximize their own revenues when allocating 
bandwidth to the co nn ections. The bandwidth al¬ 
location problem is modelled as a non-cooperative 
game with the different access providers as its 
players. The solution is obtained from the Nash 
equilibrium if it exists. For seamless mobility 
across the service areas, a portion of the radio 
resources must be reserved for handoffs. Since 
new and handoff connections have to share a part 
of the bandwidth available in a service area, an 
arrangement of the bandwidth reserved should be 
made so that the required QoS performance with 
regard to the handoff CDP and the CBP is assured. 
Thus, the problem ofbandwidth allocation among 
new, horizontal handoff, and vertical handoff con¬ 
nections can be formulated as a resource-sharing 
problem, where a negotiation among the players 
can be performed for efficient and fair bandwidth 
sharing. This negotiation is meaningful when 
new, horizontal, and vertical handoff connections 
belong to the same service area. Therefore, a bar¬ 
gaining game formulation may be employed to 
obtain the fair bandwidth allocation/ reservation 
thresholds for various types of connections. In 


this bargaining game, new, vertical and horizontal 
handoff connections negotiate with each other to 
determine the reservation thresholds so that QoS 
requirements at the connection level (namely 
CBP and handoff CDP) are satisfied. In this case, 
the equilibrium is considered as the solution of 
the game. Bandwidth reservation is used for 
service differentiation among new connections 
and vertical and horizontal handoff connections. 
Both bandwidth allocation and reservation at the 
network level can be done on a long-term basis 
based on the average (steady state) statistics at the 
connection level of various service areas. 

On the other hand, the problem ofbandwidth 
allocation at the connection level, which is allo¬ 
cating bandwidth to a new connection requesting 
admission to a certain service area, is modelled as 
a trading market. In a service area, each network 
and access provider offering bandwidth to a new 
connection is assumed to be rational and selfishly 
aiming at utility and profit maximization through 
an optimal strategy. At steady state (equilibrium), 
the various strategies must be stable in the sense 
that every participant in the game is satisfied 
with the solution given by the other participants 
strategies. A revenue function for every network 
offering bandwidth to an incoming connection 
should be established by taking into account the 
network gain when it allocates bandwidth to a 
new connection and its cost function, which ac¬ 
counts for the loss of utility due to revocation 
of some bandwidth from ongoing connections. 
Therefore, a non-cooperative game is formulated 
at connection level and the Nash equilibrium, if it 
exists, is its solution determining the bandwidth 
offered by each network to a new connection. 
In connection-level allocation, the required 
bandwidth is allocated to a connection arriving 
to a service area from different available access 
networks. To obtain the solution two algorithms 
are presented (Niyato & Hossain, 2008). The first 
is based on an optimization problem formulation 
and the second is an iterative method. Finally, the 
CAC module utilizes the results of bandwidth 
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reservation together with the connection-level 
bandwidth allocation to decide whether an in¬ 
coming connection should be admitted or not. 
Connection-level bandwidth allocation and CAC 
must be accomplished on a short-term basis and 
should be updated upon the arrival and departure 
of every connection in a service area. 

Dynamic Pricing and Call 
Admission Control 

Traditional Resource Allocation and CAC schemes 
are not sufficient, as they can not assure QoS when 
the network is congested. Pricing based models 
have also been considered for traffic management 
and congestion control. Regardless of the CAC 
scheme used, when the number of ongoing calls 
becomes very high, the blocking probability of 
new calls or incoming handoff calls becomes very 
high, too. Introducing pricing based schemes in 
admission control, the network may changes the 
users behavior. 

The heterogeneous environment of 4G wireless 
networks raises certain issues to be considered 
when employing a pricing model (Niyato & Hos- 
sain, 2008). Capacity, coverage, data rate, mobil¬ 
ity support and QoS provision are different for 
different access technologies causing inequality 
in service offering. Various access networks are 
operated by different service providers, who aim 
at maximizing their revenue and compete with 
each other to attract users. Wireless services from 
different access networks may not be completely 
interchangeable, since some mobile terminals may 
not capable of supporting all the radio interfaces 
incorporated into the network or because some us¬ 
ers may prefer short range wireless access to long 
range ones. Finally, in dynamic pricing schemes 
for such networks vertical handoff among different 
access must be taken into account. 

The following three approaches, namely the 
auction, optimization and demand/supply- based 
schemes have been used to develop pricing models 
for heterogeneous wireless networks. In Salient et 


al, 2006, the auction-basedapproachwas followed, 
where a user periodically bids for radio resources 
by informing the service provider of the price he 
is willing to pay and his QoS requirement. Then, 
the service provider decides which allocation of 
resources maximizes his revenue. In this multi-unit 
sealed-bid auction, a manager agent facilitates the 
negotiation between a mobile user and a service 
provider. The optimization-based scheme for 
service allocation and pricing in heterogeneous 
wireless network incorporating different access 
technologies was proposed by Zhang (2005). The 
capacity of the system was optimally allocated 
to different SCs. The objective was to maximize 
the revenue of a service provider and the network 
utilization under the capacity constraints of each 
of the access networks constituting the unified 4G 
network environment. The demand/supply-based 
scheme for resource allocation was proposed in 
(Chan, Fan & Cao, 2005) based on the well known 
theory of supply and demand of microeconom¬ 
ics. The supply function was obtained through 
maximizing the revenue of a service provider, 
whereas the demand function was obtained by 
solving a utility maximization problem for a certain 
number of active users. The equilibrium price was 
determined equating demand and supply. Based 
on this equilibrium price, network selection and 
admission control methods were developed. 

Dynamic Pricing for 
Heterogeneous 4G Networks 

A pricing based approach for dynamic admis¬ 
sion control aims at maximizing the users utility 
of wireless network resources (Hou, Yang & 
Papavassiliou, 2002). It has been shown that for 
a certain wireless network a new call arrival rate 
exists that maximizes the users total utility. The 
admission control can dynamically adjust the price 
according to the actual network conditions, trying 
to avoid congestion. However, maximizing the 
users utility of the network might not maximize 
the revenue of the service provider. In particular, 
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more resources should be allocated to the users to 
enhance their satisfaction. On the other hand, to 
maximize revenue under flat pricing, the resource 
allocation must be modified in order to accom¬ 
modate more users. 

The above framework is mainly destined for 
wireless cellular networks without considering 
vertical handoffs and competition among multiple 
service providers owning different radio access 
networks. Anyway, the above frameworkprovides 
a well structured approach to dynamic pricing and 
CAC problems that can easily be incorporated 
in 4G networks. Due to the competition existing 
among providers in heterogeneous environments, 
a price offered by a service provider will affect 
the prices offered by the others. This situation 
can be modelled as an oligopoly market and, 
consequently, non-cooperative game models 
can be used for the relevant analysis aiming at 
obtaining the optimal pricing. Two cases of price 
competition among different service providers are 
considered. First, the case is the one where service 
providers offertheirprices simultaneously namely 
the simultaneous-play game. The solution of this 
competition is given by Nash equilibrium where 
all service providers considered are satisfied by 
the solution with regard to prices. Second, the case 
where a service provider of one access network 
offers its price for a certain call before another 
service provider, namely the leader-follower game 
that is, when the first service provider has priority 
in offering its price. In particular, consider that 
WiMAX and Wi-Fi networks co-exist in an inter¬ 
working 4G environment. The WiMAX service 
provider has absolute priority in offering price 
due to the larger service area covered by WiMAX 
networks (Niyato & Flossain, 2008). The Wi-Fi 
service provider may observe the price offered 
by the WiMAX service provider and then decide 
about its own price. The solution of this competi¬ 
tion problem is the Stackelberg equilibrium that 
maximizes the profit of the first service provider 
(Niyato & Hossain, 2008). 


The proposed pricing models are applicable in 
general scenarios involving many access provid¬ 
ers of different types (e.g. WiMAX, 3G cellular, 
and Wi-Fi). Assume a heterogeneous wireless 
access environment where two different access 
networks compete in two service areas. The first 
service provider, assuming a WiMAX network 
provider, offers a premium real time SC to n 
users where the transmission delay is the major 
QoS performance metric. This provider charges 
these users at a flat rate of p (per unit of allocated 
bandwidth). In the second service area, the two 
providers (the WiMAX and a Wi-Fi provider) 
compete in offering wireless access services in 
the best-effort SC where a user through a dual¬ 
radio interface has the option to switch between 
the WiMAX and Wi-Fi networks. 

Bandwidth demand is quantified through a 
quadratic utility function introduced for best-effort 
users by Singh & Vives (1984). The bandwidth 
demand function is obtained by maximizing util¬ 
ity. That is, the demand obtained as the optimal 
bandwidth that maximizes the utility of a best- 
effort user, given the qualities and the prices of 
the wireless access services and the degree of 
interchangeability between services. Let p. denote 
the price per bandwidth unit offered by service pro¬ 
vider i, where i e {m ,f} corresponds to WiMAX 
and Wi-Fi networks, respectively. To capture the 
effect of QoS provision and service interchange- 
ability, the bandwidth demand function is defined 
as follows (Niyato & Hossain, 2008): 


where y , i € {m, /) is the transmission quality for 
wireless access through the network of service 
provider i, u. is a weighting factor and v denotes 
the degree of service substitutability - for best 
-effort services between WiMAX and Wi-Fi 
networks v«l -. The bandwidth demand from a 
best-effort user for a particular wireless access 
service increases as the transmission quality in 


369 



4G Wireless Networks 


the respective network improves. On the other 
hand, the bandwidth demand decreases as the price 
becomes higher. The bandwidth demand is also 
affected by the quality and the price offered by 
the other wireless access service networks. If for 
a certain access network, the transmission quality 
becomes better (e.g., a lower transmission error 
rate is achieved) or the prices becomes lower, 
some of the best-effort users will prefer this ac¬ 
cess network to the others. The proportion of the 
churning best-effort users is controlled through 
the substitutability factor. 

A simultaneous-play and a leader-follower 
game is considered for two different access net¬ 
works service (e.g. WiMAX and Wi-Fi) providers 
as players. The strategy of a player is to determine 
the optimal price per bandwidth unit denoted 
by p, i e {m ,fj. The respective payoff of each 
player is its profit denoted by n.. The total profit 
of the first service provider is evaluated as based 
on the revenue obtained from the premium users 
minus the cost due to the transmission delay of 
the premium users plus the revenue obtained from 
the best-effort users (i.e., price multiplied by the 
bandwidth demand). Hence, 

(W = n A - ((* - A, (*..*,))/»,) + 

( 6 ) 

where B is the total bandwidth, W k (b) is the trans¬ 
mission delay of a premium class user k when the 
allocated bandwidth is b and c d is the weighting 
factor related to the transmission delay perfor¬ 
mance. Similarly, the payoff of the second access 
network provider (e.g. Wi-Fi) is given by 

% (. P m > Pf ) = P f D f ( P m ,Pf ) • CD 

The best response of the first service provider 
to the price offered by the second one is the op¬ 
timal price p m * maximizing its profit nJp m *, p) 
given the price p J offered by the second provider. 


Similarly, the best response of the second service 
provider is the optimal price p* maximizing its 
payoff nfp m , p*) given the price p m offered by 
the first service provider. This best response is 
denoted by 

B. (pj) = argmax^ |tt. ( p. , p } )}. (8) 

When the two competing service provid¬ 
ers offer their prices simultaneously, the Nash 
equilibrium determines the pair of prices so that 
a service provider can not increase his profit in¬ 
dependently by choosing a different price, given 
that the price offered by the other service provider 
remains fixed. Hence, the Nash equilibrium (p *, 
p *) is determined from 

B m (Pf) = P m ( 9 ) 

and B f (p* n ^ = p* f . (10) 

When the first service provider offers its 
price before the other, the former will choose an 
appropriate strategy to maximize its profit based 
on the assumption that the latter will set the price 
based on its best response given the price offered 
by the first player. The price offered by the first 
service provider along with the best response of 
the second service provider constitutes the Stack- 
elberg equilibrium that is: 


p m = argmax^ tt w | p m , B f and 



The resource allocation and dynamic pricing 
models employing game theory analyzed above, 
deals with the network challenges and demands 
for reliable QoS provision encountered in het¬ 
erogeneous 4G networks. Through competitive 
dynamic pricing the network service providers 
can achieve high network utilization and efficient 
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resource management, while guaranteeing QoS 
to network users. 


FUTURE RESEARCH DIRECTIONS 

QoS in 4G networks, where multiple access 
techniques and various network technologies are 
involved, should be handled as an end-to-endissue. 
End-to-end QoS provision constitutes a critical 
issue for the demanding environment of 4G net¬ 
works. Especially, the design and implementation 
of suitable network architectures for end-to-end 
QoS provision in 4G networks is a promising and 
challenging research issue. Traditional schemes 
and QoS provision architectures are not able to 
provide for QoS in 4G networks due to the com¬ 
plicated network environment. The underlying 
platform of 4G networks is heterogeneous with 
varying topologies and standards. Therefore, QoS 
must be treated by all the communication layers 
(physical, MAC, IP, TCP and application), since 
each layer is required to provide a set of service 
guarantees at layer level so that the network 
becomes more flexible and tolerant to QoS is¬ 
sues. Moreover, cross-layer architecture for QoS 
provision in 4G networks must take into account 
the heterogeneous network environment and the 
relevant traffic complexity. 

The cross-layer framework for QoS provision 
should be composed of a QoS manager and attain 
scheduling subsystems, namely the admission 
controller, the scheduler, the predictor and the 
feedback mechanism which regulate the MAC 
layer of heterogeneous networks. The QoS man¬ 
ager, that is the key component for cross-layer 
architecture, acts as middleware between ap¬ 
plications and lower network layers and is able 
to dynamically manage the available resources 
under different load conditions transparently to 
the application level. In cross-layer architecture 
for QoS provision, the supported applications 
dynamically specify their own set of complex and 
flexible requirements, expressed through the SLAs 


negotiated with the underlying implementation, 
through the QoS manager. The subsystems may 
vary depending on the particular MAC(s) used 
(e.g. IEEE 802.11, IEEE802.16, MIMO, mobile 
public networks, wired networks, etc.). 

The cross-layer framework operation should 
be based on the interaction between the applica¬ 
tion and the network layers. This architecture 
must incorporate these features to support the use 
of the same end equipment that should flexibly 
function in wireless access networks as well as in 
mobile cellular networks with optimal spectrum 
efficiency and resource management. The QoS 
support needs to be functional and offer differenti¬ 
ated service support according to strict latency/ 
throughput requirements though the wireless 
medium is subjected to time and space variations. 
Due to the variability of radio resources hard 
guarantees for QoS can not be provided. Instead, 
soft guarantees regarding delay, jitter, PLR, 
throughput and bandwidth are provided. From 
the user perspective, the framework allows easy 
access to multimedia services, hiding the com¬ 
plexity of the lower MAC levels of the different 
networks. The design of a cross-layer integrated 
QoS provision architecture provides an interface 
to Qo S support for any applications requiring tight 
guarantees. Cross-layer architectures for QoS 
provision constitute a promising research issue 
and an adequate solution to the need of ubiquity 
and diversity in 4G systems. 

CONCLUSION 

Wireless and Internet technologies continue to 
evolve at a fast pace adopting ubiquitous com¬ 
puting strategies. In this chapter, we look ahead, 
particularly at what might be the next generation 
of wireless networks not only in terms of QoS 
provision and the mechanisms related to, but also 
with regard to network architectures and system 
design. Common elements of 4G architecture are 
the order-of-magnitude bandwidth increase, new 


371 



4G Wireless Networks 


types ofterminals, access-independent converging 
IP networks, new services and service-enabling 
platforms accompanied with reliable, robust and 
effective dynamic RRM schemes. 

QoS requirements related to 4G networks 
have been examined. The coexistence of various 
wireless access technologies with IP networks 
imposes an appropriate SC mapping to establish 
interoperability between the well known service 
models of DiffServ and the widely used 3 GPP 
SC classification. Heterogeneous networking 
challenges are examined focusing on the interop¬ 
erability between different access technologies 
(e.g. 3G/UMTS-WLAN). To satisfy the require¬ 
ments for multiservice support with diverse QoS 
characteristics, dynamic resource allocation and 
admission control is required. In this course, vari¬ 
ous techniques are presented including resource 
reservation, QoS renegotiation, game theoretic 
resource allocation and dynamic pricing. 

Regardless how the next generation of wireless 
systems will be formed, a broad consensus exists 
that 4G heterogeneous networks based on mobile 
IP-structure will be the leading communication 
platform. 
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ABSTRACT 

The success of emerging mobile services depends on the serviceability of the underlying wireless net¬ 
works, expressed in terms of Quality of Service (QoS) provided by a network available to service user 
at a given geographical location and time. In general, this serviceability is a priori unknown. As a solu¬ 
tion the authors propose a QoS-predictions service, providing predictions of QoS of networks available 
at a given user’s geographical location and time. In a case study they prove the feasibility of deriving 
predictions from historical data collected by a mobile service user. They have chosen this mobile user 
to be a patient, who uses a personalized health telemonitoring service in his daily environments for a 
period of one month. They consider the QoS-predictions service as a novel support for mobile services 
operational in 4G heterogeneous network environments. 


INTRODUCTION 

The emergence of new wireless broadband net¬ 
works and diverse miniaturized and personalized 
networked multimedia devices has given rise to a 
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variety of new interactive mobile applications and 
mobile services (Hansmann et al., 2003). These new 
applications allow the mobile users to not only access 
in formation anywhere-anytime-anyhow, but are also 
able to adapt their functionality based on different 
context information. This information can range 
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from user-related context, like user profile, role 
and activity and geographical location and time, 
to device-related context, like available network 
interfaces or screen size and resolution, and up to 
the network-related context, like network signal 
strength and its current load. By having access to 
rich context information, mobile applications are 
able to adapt themselves and increase the quality of 
the user‘s experience (defined as QoE by (ITU-T, 
2007b). Although user and device related context 
information are to a great extend available to the 
applications, network related context information 
(i.e. Quality of Service (QoS by (ITU-T, 1993, 
2008)) provisions) is only roughly and approxi¬ 
mately available (Chalmers & Sloman, 1999a). 

Current trends are that mobile applications 
become highly interactive, and users become 
highly mobile, using different underlying net¬ 
works as available in his environment (Ortiz, 
2007). Hence, the success of application service 
delivery depends upon QoS provided by these 
underlying networks, which tend to be highly 
heterogeneous (Chalmers & Sloman, 1999b). In 
this situation, we consider that one of the most 
critical elements contributing to an improvement 
of mobile applications and services functionality 
is precise information about the QoS provided by 
these underlying networks. This information can 
be used for the application’s QoS management 
and assurance of user satisfaction. 

Today’s wireless network providers (for 
example Mobile Network Operators (MNOs)), 
provide coarse-grained, marketing-based, static 
QoS information about their networks ( e.g. 
network nominal capacity), refusing to give any 
detailed information to mobile users, mainly 
due to marketing reasons (Gomez & Sanchez, 
2005). As a result, mobile applications base 
their QoS management and adaptation on best 
case scenarios for networks’ QoS, as derived 
from the network’s nominal capacity. Moreover, 
some mobile applications are using the signal 
strength to estimate the networks QoS; still this 
does not provide any information on, e.g. actual 


network congestion. Taking into consideration 
that the mobile users are by definition moving 
in space and time, the task of managing QoS by 
figuring out and trying to anticipate QoS of the 
underlying wireless network(s) on a continuous 
basis becomes impossible, leading to worst case 
scenario assumptions and lowering the QoE of the 
user provided applications and services. 

On the other hand, mobile users are no longer 
passive information and content consumers but 
are now able (and willing) to create themselves 
new geo-referenced information and content and 
make it available to other (mobile) users. Many 
mobile collaborative applications (i.e. so-called 
Mobile Web 2.0 applications (Lin, 2007; O’Reilly, 
2005)) are available on the market today allowing 
mobile users to exchange geo-information like 
points ofinterest, virtual geo-tags or geographical 
locations of traffic radars and so on (Want et al., 
1999). Based on the need of the emerging mobile 
applications to have access to high quality fine¬ 
grained QoS information, and the ability of users 
to create and share geo-referenced information, we 
conclude that nowadays it is possible for mobile 
users to create and share any QoS information in 
a fully collaborative way. In particular, sharing 
information regarding fine-grained QoS pro¬ 
vided by wireless networks at given geographical 
locations and times, as observed when using a 
particular application. This in formation can be 
further used for predicting the QoS, which in turn 
could be used by demanding mobile applications 
to choose the most suitable network and adapt 
themselves to provide services to the users on 
a higher QoE level. As for precise geographical 
location-determination techniques, many of them 
are currently available, and even more are emerg¬ 
ing (Hightower & Bordello, 2001). 

Towards this direction, we propose a platform 
for a QoS-predictions service. It is based on the 
Mobile Web 2.0 paradigm and supports collec¬ 
tion of reliable, user- and application-transparent 
information about network provided QoS. Based 
on this information set, the service provides 
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QoS-predictions back to mobile applications. 
Particularly, this information is collected from 
and provided to a mobile user’s device and stored 
in the form of a geo-spatial information grid; 
for different geographical locations, times and 
for different networks. Based on these collected 
historical data and with the use of data mining 
methods, we are able to predict the anticipated 
QoS at a certain geographical location and time, 
for a given wireless access network provider and 
access technology. 

In this chapter we present a case study of fea¬ 
sibility assessment for QoS-predictions derived 
from historical data collected from a MobiHealth 
system (van Halteren et al., 2004b) service user; 
i.e., a patient using a personalized health telem¬ 
onitoring service in his daily environments, along 
one month. We consider the QoS-predictions 
service as a novel support for mobile service 
users in wireless heterogeneous networks and in 
particular in 4G environments. 

BACKGROUND 

Quality of Service Management 

Internet was since its beginning, providing a ‘best- 
effort’ QoS level. In the late 90’s, first solutions for 
QoS provisions of Internet-based service providers 
have been proposed, particularly for providers of 
real-time multimedia services (Hutchison et al., 
1997; Shepherd et al., 1996). From the techni¬ 
cal perspective, these solutions were based on 
use of rigorous and complex QoS management 
frameworks, including functions like QoS nego¬ 
tiation and resource reservation (Andersen et al., 
2000; Xiao & Ni, 1999). In this situation, many 
service providers ignored the proposed solutions 
and learned to manage ‘best-effort’ QoS level 
provided by Internet to assure meeting the QoS 
requirements (and the expected QoE) of their ser¬ 
vice users. They particularly relied on estimations 
of QoS provided by the Internet. This approach 


was feasible due to at least two factors: firstly, 
QoS provided by Internet exhibits regularities 
and long-term estimations for e.g. months can be 
derived relatively accurately (claffy et al., 1998). 
Secondly, if necessary, service providers could 
easily acquire information on provided QoS via 
dedicated QoS measurements and all that without 
any degradation in the quality of their provided 
services (Michaut & Lepage, 2005). 

With the dawn of the mobile era, history is 
repeating itself. Provisions of QoS by mobile 
service providers have been identified as critical 
to the business viability of mobile service provid¬ 
ers already in the late 90’s (Chalmers & Sloman, 
1999b), when only basic voice and data services 
existed. The most critical factor in QoS provision 
is related to the user’s mobility: a mobile user 
relies on the availability of different wireless 
network providers and wireless technologies at 
different geographical locations and times along 
his trajectory (Dekleva et al., 2007). To deal with 
this, providers of mobile services are (again) 
advised to employ complex QoS management 
frameworks or other solutions. For example (Q. 
Han & Venkatasubramanian, 2006; Soh & Kim, 
2003) propose to employ in a mobile service de¬ 
livery predictions of user mobility path acquired 
from a wireless network provider, or to employ 
a QoS broker for the reservation of network re¬ 
sources on behalf of mobile users (Nahrstedtetal., 
2001). Simultaneously, MobileNetwork Operators 
(MNOs) propose new concepts like Universal 
Mobile Access, Generic Access Network or IP- 
Multimedia-System (Cuevas et al., 2006), aiming 
at a technical as well as a business solutions for 
mobile service providers. Such solutions contra¬ 
dict the ‘mobile’ nature of services, because they 
li mi t mobile service providers’ customer base and 
service-usage area to the MNOs customer base 
and its coverage area. 

The mobile service providers not following 
the network provider-centric business models 
emerge on a growing scale (Tan, 2004). Naming 
few, Skype is a VoIP provider (Osterwalder et al., 
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2005), MobiHealth.comis a mobile healthcare ser¬ 
vice provider (MobiHealth, 2007), while Digital 
Chocolate is a mobile gaming service provider 
(Digital Chocolate, 2008). They all struggle to as¬ 
sure meeting their mobile users ’ QoS requirements 
over unpredictable ‘best-effort’ QoS provided by 
wireless technologies (Bults et al., 2005b). Dedi¬ 
cated QoS measurements are not feasible due to 
the dynamic nature of QoS provided by wireless 
network technologies (Dood, 2005) and the limited 
resources (e.g. battery) of mobile devices. 

At the same time, new wireless network 
providers appear and new long-range wireless 
technologies (e.g. High Speed Protocol Access) 
are deployed by the existing providers. These are 
steps towards the vision of 4G, where wireless 
communication infrastructures are going to be 
plentifully available for mobile service users (De 
Vriendt et al., 2002; Dekleva et al., 2007; Ortiz, 
2007; Tachikawa, 2003). In 4G environment 
a mobile service user can access any network 
anytime-anywhere. Yet, any new network provider 
or wireless technology when launched provides 
only a ‘best-effort’ QoS level (Gomez & Sanchez, 
2005) and uses ‘drive-tests’ as performance tests. 
Therefore, despite the 4G vision, still the question 
remains: how a mobile service user chooses a net¬ 
work best matching his user’s QoS requirements 
and QoE-expectations at a given geographical 
location and time. Our solution aims at prediction 
the QoS provided by networks to a mobile service 
user. To the best of our knowledge, the kind of 
solution we propose has not yet been proposed 
in the literature. To justify this, in the following 
section we present state of the art approaches for 
QoS-predictions. 

Quality of Service Predictions 

There exists limited research on predictions of 
QoS, usually done for a given mobile service 
being used in a fixed lab environment in a lim¬ 
ited interval. It is important to notice that much 
of research, in which authors claim they aim to 


provide predictions, we categorize as research on 
inference. After data mining literature (Alpaydin, 
2004) we define inference as prediction provided 
only for a given moment of time (i.e. now), and 
not for the future. 

For example (Bremler-Barr et al., 2003) aim to 
inferwhenasignificantdeviationofRTTbetween 
client and web-server will occur. They use Hidden 
Markov Models (HMM), using predictors that 
have exponential or polynomial decay of history. 
They prove that for some servers, the recent his¬ 
tory (i. e. 2 minutes) is enough to predict such RTT 
degradation. (Gao & Wu, 2005) propose to select 
web-services based on artificial neural networks 
(ANN), which, based on service availability, reli¬ 
ability, data rate and a time of a service request (i. e ., 
a time of the day), would predict its availability 
and delay (if the service is available). Similarly, 
(Yang et al., 2008) aim to predict web-services 
delay, based on a time of a service request, data rate 
and a state of service (e.g. number of other users). 
They predict this delay based on recent history 
(i.e. hours) modelled via a semi-Markov model. 
Their experimentation shows that predictions can 
be done with up to 90% of accuracy. (Salvo Rossi 
et al., 2003a, 2003b), using only the recent his¬ 
tory (i.e. minutes) model delay, loss function for 
Internet paths using the Hidden Markov Model. 
Moreover, (Iannello et al., 2005) model UDP 
application-traffic (that can represent e.g. a video 
stream) using Input-Output HMM - nodes. They 
particularly model delay or loss QoS measures. In 
their model they assume a Gamma distribution for 
delay; however they admit that this assumption 
has not been proven for data exchange with use 
of wireless access networks. 

(Amirijoo etal., 2006) aim to infer a) data rate 
available for user; and b) utilization of a chan¬ 
nel, for the purpose of dynamic reconfiguration 
of real-time systems. As an input they assume a 
reconfiguration specification and data rate speci¬ 
fication for a given service. They do not use any 
historical data. The simulations of scenarios show 
possible advantage of their approach. (Mody et al., 
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2007) research towards dynamic use of frequency 
spectrum; they aim to learn which frequencies are 
free and possible to be used without interference 
to others. So far, they have conducted only limited 
simulations, without real-user scenarios. 

(Hegge, 2007), based on simple statistical 
methods (means and standard deviation) aim to 
predict FTP downloads for mobile users. Namely 
they aim to predict RTT, data loss and data rates in 
different geographical locations, times and using 
different access networks. The prediction accuracy 
was low due to a major flaw in the experiments; 
it could not be distinguished when and where the 
mobile device was using which technology: in 
particular UMTS or GPRS. Similarly, in (Mirza 
et al., 2007), the authors aim to predict the (TCP- 
level) data rates for arbitrary file sizes exchanged 
between two nodes on the Internet. They aim to 
predict this data rate from the measured delay 
and loss. They use Support Vector Machines 
(SVM) techniques. (Y. Sun et al., 2008), based on 
measured data rate, aim to predict HSPA-based 
access network’s channel utility and accuracy and 
dependability using NN. 


FEASIBILITY ASSESSMENT 
OF QOS-PREDICTIONS 

Motivation, Context and Approach 

The goal of our explorative case study is to asses 
a feasibility of deriving QoS-predictions for an 
operational mobile service being used by its rep¬ 
resentative user in his daily environments. As a 
mobile service, we have chosen the MobiHealth 
health telemonitoring service that enables ambula¬ 
tory patient’s vital signs monitoring (van Halteren 
et al., 2004b). In the study we focus on a typical 
MobiHealth service user. Namely, this service is 
used by a Chronic Obstructive Pulmonary Disease 
(COPD) patient living in Geneva city (Switzer¬ 
land) . The mobile patient follows his daily routine 
of work and home activities, while having his 


health state being continuously monitored. His 
service is operational in mobile environments with 
802.11 -WLAN and 2.5G-GPRS wireless network 
providers available throughout the city. 

The approach towards the QoS-predictions 
feasibility study is as follows. Having the Mo¬ 
biHealth system at hand, we focus on collection 
of QoS data by means of system measurements, 
rather than by means simulation or modelling. 
Particularly, we focus on (end-to-end) delay as a 
QoS measure of importance for the operational 
MobiHealth services. Hence, after instrumentation 
of the MobiHealth system for delay measurements, 
we collect delay measurement data for a patient 
continuously using two systems (thus emulating 
two different users being in same geographical 
location and time) along one month interval. As 
there are two systems, two different wireless net¬ 
works could be used at a geographical location. 
Moreover, having two systems, we attempt to 
test the hypothesis if based on data collected by 
one of them; we can obtain accurate predictions 
for the other one. 

Based on the collected data, we analyze feasi¬ 
bility of delay predictions for a set of prediction al¬ 
gorithms. Namely we use 48 different data mining 
methods (assuming different set of parameters). 
Particularly, we assess the predictions feasibility 
in terms of prediction accuracy, its learning and 
prediction times and model’s complexity. Based 
on these results, we derive conclusions upon 
delay-predictions feasibility for an operational 
health telemonitoring service. 

Background Information and 
Methodology for Predictions Study 

Classification and prediction are two forms of 
data mining that can be used to extract models 
describing important data classes or to predict 
future data trends (Alpaydin, 2004; J. Han & 
Kamber, 2006). Effective and scalable methods 
have been developed for decision trees induction, 
Naive Bayesian classification, Bayesian belief 
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network, rule-based classifier, back-propagation, 
Support Vector Machine (SVM), associative 
classification, nearest neighbour classifiers, case- 
based reasoning, and other classification methods 
such as genetic algorithms, rough set and fuzzy 
set approaches (Alpaydin, 2004). Statistical sig¬ 
nificance tests are necessary for model selection. 
Issues such as model accuracy, training time, 
robustness, interpretability, and scalability must 
be considered in a model selection and these can 
involve trade-offs, which needs to be considered 
given a classification task at hand (Witten & 
Frank, 2005). 

Classification predicts categorical class labels 
(discrete or nominal). It classifies data (constructs 
a model) based on the training set and the values 
(class labels) in a classifying attribute and uses 
it in classifying new data. Prediction models 
continuous-valued functions, i.e., predicts model 
construction describing a set of predetermined 
classes. For prediction, each tuple/sample is 
assumed to belong to a predefined class, as de¬ 
termined by the class label attribute. The set of 
tuples used for model construction is training 
set. The model is represented as classification 
rules, decision trees, or mathematical formulae. 
Model is used for classifying future or u nk nown 
objects. To estimate accuracy of the model we 
compare the known label of test sample with the 
classified result from the model. The accuracy 
rate is the percentage of test set samples that are 
correctly classified by the model. Test set needs 
to be independent of training set, otherwise over¬ 
fitting will occur. If the accuracy of the model is 
acceptable, we can use the model to classify data 
tuples whose class labels are not known. 

Classification is a supervised learning. Super¬ 
vision means that the training data (i.e. samples, 
measurements) contain s labels indicating the class 
of the observations. The new data is classified 
based on the training set. In contrary, clustering 
is an unsupervised learning. The class labels of 
training data are u nk nown. Given a set of mea¬ 


surements, the aim is to establish the existence of 
classes or clusters in the data. 

The QoS predictions problem addressed in this 
chapter is based on classification of delay (i.e. a 
QoS measure) observed in health telemonitoring 
service provided by the MobiHealth system. The 
classification of delay is done along one of nine 
schemas defined along the delay requirements 
posed on the MobiHealth system by its end user 
i.e. healthcare practitioner. 

System Overview 

The MobiHealth system is a distributed system 
for telemonitoring of a patient’s health condition 
(MobiHealth, 2007; van Halteren et al., 2004b). 
A patient is wearing a Body Area Network (BAN) 
(Bults et al., 2004; van Halteren et al., 2004a) 
consisting of a sensor-set and a Mobile Base Unit 
(MBU, i. e. , central controlling unit of a BAN worn 
by a patient). The sensor-set usually consists of 
specialized sensors monitoring the patient’s vital 
signs, a geographical location sensor ( e.g. a GPS 
receiver (Hightower & Borriello, 2001)) for his 
location determination and an event-notification 
sensor. The sensor-set is specific for a patient’s 
health condition, e.g. Chronic Obstructive Pulmo¬ 
nary Disease (COPD, Figure 1), cardiac condition, 
epilepsy or chronic pain. 

The MBU is the central unit of a BAN, usually 
in the form of a mobile phone or PDA. The MBU 
has three functionalities: collecting sensor-set 
data, processing it (e.g. filtering, shaping, corre¬ 
lating) and sending (processed) data to a remote 
application server - backend-system (BEsys, i.e., 
security, control, management, and data storage 
sub-system) located in a healthcare centre. It is 
specific for the MobiHealth system is that all 
these tasks are performed in real time. Once the 
sensor-set data has been send to the BEsys, it is 
made available (in a near real-time) to other ap¬ 
plications, e.g. for storage, display for a medical 
decision support systems. 
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Figure 1. MobiHealth system overview: COPD care example 


MobiHealth COPD Care System 



A patient’s health hazardous event can be 
defined differently for each patient, based on his 
health condition. The event notification can be 
determined by a) patient’s activating the event- 
notification sensor or b) based on the patient’s 
vital signs analysis done i) at the patient’s BAN 
or ii) at the BEsys. 

Compliance with JINI 
Surrogate Architecture 

A MobiHealth health telemonitoring service is 
implemented in Java and conforms to the JINI 
Surrogate Architecture specifications as exten¬ 
sively presented in (Dokovsky et al.; van Halteren 
& Pawar, 2006). 

Patient’s mobile device, i.e. MBU is a service 
provider. It continuously transmits BAN data from 
the MBU to the BEsys in a healthcare centre. 
According to the JINI Surrogate Architecture, a 
service provided by a device with limitedresources 
(e.g. like MBU), called Device Service (DS), is 
represented on the Internet by its Surrogate Obj ect 
(SO) deployed on a Surrogate Host (SH). The 
co-called JINI network consists of a SH (hosting 
SOs), service registry via which service users can 


find the required services, and service users them¬ 
selves. Therefore the SO acts as service provider 
on behalf of the DS and shields service users (in 
the MobiHealth case: healthcare practitioners’ 
viewer application) from the specific means 
to communicate with the device. At the health 
telemonitoring application level, this yields that 
the DS, representing health telemonitoring service 
provider is deployed at the MBU. Moreover, a 
healthcare practitioners’ viewer application at 
a healthcare centre transparently retrieves BAN 
data from the SO at the BEsys (hosting a SH). It 
is important to notice that there can be multiple 
DSs deployed on one mobile device and made 
available to service users. 

The SO rely on the SH for a service life cycle 
management. Device specific communication 
between the SH and the DS is implemented by 
the MobiHealth Interconnect Protocol (MHIP). 
It is an application protocol and its previous 
version has been presented in (van Halteren & 
Pawar). The protocol component at MBU is called 
MHIP-10. This component is responsible for a 
DS-SO communication, even in case if there is a 
Network Address Translator (NAT) between the 
mobile device and the fixed server (which is very 
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Figure 2. MobiHealth health telemonitoring service components 


Mobile Device 




often a case especially in GPRS wireless access 
networks). 

Summarising, the MobiHealth health telem¬ 
onitoring service consists of two components 
(Figure 2): 

• health telemonitoring Device Service on 
the mobile device 

• health telemonitoring Surrogate Object 
hosted by the Surrogate Host in the fixed 
network, i.e., on the BEsys in a healthcare 
centre. 

The surrogate architecture specification 
requires the MHIP to support at least three 
mechanisms: device services discovery, surrogate 
object upload, and keep-alive. The purpose of the 
discovery mechanism is to make a SH aware of 
the DS existence and vice versa. Particularly, it 
is MHIP-IO component that discovers SH. After 
the SH discovery, DS provides SH with the SO 
that will act in the JINI network on the behalf of 
this device. After a SO has been instantiated and 
activated by the SH, the device must maintain its 
availability to provide its DS. 

Consequently, the MHIP must implement a 
Keep-Alive mechanism, which implies that the 
DS needs to send at the fixed frequency so-called 
Keep-Alive messages to inform the SH that the 
service is (still) available. As soon as the device 
ca nn ot confirm its availability, i.e. a Keep-Alive 
message is not received by SH within and ex¬ 
pected time interval, the SH can deactivate the 
corresponding SO. The Keep-Alive message size 


is negligible comparing to the total volume of 
application-data being sent (Pawar et al., 2008; 
Wac et al., 2009a). 

The MobiHealth system adapts its volume of 
data being sent by DS to its SO based on the QoS 
provided by underlying end-to-end communica¬ 
tion path. Namely, there exists an application-level 
buffer at the MBU, via which data is being sent by 
the MHIP-IO to the SO. The state of the buffer is 
measured by the DS. When the QoS provided by 
the path, and especially its speed is not sufficient 
to support volume of data being sent, the buffer 
fills. Based on the buffer fill level, the DS adapts 
application flow by excluding some sensor-set 
data and hence reducing volume of data being 
sent (Bults et al., 2005a). 

End-to-End Communication Path 

In our case study we focus on the MobiHealth 
service for telemonitoring of a patient’s health 
condition. Particularly, the BAN uses the extra- 
BAN communication network, like WLAN 
or 2.5/3/3.5G (i.e. GPRS/UMTS/HSxPA) for 
exchange of the application and control data 
between the DS at the MBU and the SO at the 
BEsys. Patient’s vital signs data, i.e. telemonitor¬ 
ing application-data is sent continuously from the 
DS at the MBU to the SO at the BEsys (i.e. in an 
‘uplink’ direction). The extra-BAN end-to-end 
data communication path is heterogeneous as it 
consists of wireless (e.g. 2.5/3/3.5G) and wired 
network technologies (Figure 3). 
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Figure 3. MobiHealth extra-BAN end-to-end communication path 
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Internet 
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The QoS provided by this path influences the 
QoS provided by the MobiHealth application to 
the patient. Particularly, the QoS is influenced 
by the choice of the Wireless Network Provider 
(WNP) and wireless access network technology 
used. If the MBU would have a choice of WNP, 
it would choose one resulting in providing best-of 
best-effort service to MobiHealth system, rather 
than an arbitrary WNP. 

Application-level QoS 

End-users of health telemonitoring application 
are healthcare professionals and their patients. 
However, only the healthcare professionals can 
define the application QoS requirements posed 
on the application (Broens et al., 2007). These 
requirements encompass reliable, error-free data 
exchange between the MBU and BEsys without 
losses and at a minimum delay. The use of TCP/IP 
protocol in combination with MBU data storage 
ensures the application data recovery in case of 
data losses due to poor networks performance. This 
paper focuses on a minimum data delay require¬ 
ment posed on the MobiHealth system; we focus 
on the extra-BAN communication network delay, 
having a major contribution to the application-data 
delay (Wac et al., 2005). The MobiHealth system 
performance is managed based on the Keep-Alive 
message Round Trip Time ( KA-RTT ). It is the 
time it takes for a Keep-Alive control message 


originated at the DS at the MBU (Pawar et al., 
2007; SUN, 2001)), to be received by the SO at 
the BEsys and returned (without processing) to 
the DS at the MBU. 

The KA-RTT reflects the delay induced by the 
underlying networks and the processing delays in 
the protocol stacks at the MBU and the BEsys. 
The (wireless) access network up link (i. e. MBU to 
the BEsys) and downlink (i.e. BEsys to the MBU) 
contribute significantly to the KA-RTT (Bults et 
al., 2005b; Wac et al., 2005). 

MobiHealth System Measurements 

In this paper we focus on health telemonitoring 
application provided by MobiHealth system to 
COPD patients. We have collected KA-RTT mea¬ 
surement data for one patient living in Geneva 
(Switzerland), using the application along one 
month (17.11.07 - 15.12.07), while following 
his daily routines. The patient has spent 69.8% 
of time in two top geographical locations: home 
and office. 

Application Flow 

The BAN samples patient’s pulse rate, oxygen 
saturation, plethysmogram and alarm button activ¬ 
ity at a frequency of 128 Hz. A sample consists 
of 5 Bytes of application-data. An application 
aggregates a unit of 1 s of data, i.e., 640 Bytes, 
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and compresses it (losslessly) before sending it 
to BEsys. The reduction in size relative to the 
uncompressed size is 80-85%; it decreases as vari¬ 
ability of the values of the measured vital signs. 
The MHIP adds 10 Bytes of protocol overhead 
per a compressed data unit. The overall data rate 
sent by the DS at the MBU to the SO at the BEsys 
is around 1.5 kbps. 

MBU and BEsys Platforms 

As a MBU we have used Qtek 9090 with Intel® 
PXA263 400 MHz processor, 128 MB RAM, 
running Windows Mobile 2003 SE PocketPC OS. 
The device has been dedicated for the executed 
measurements. The Qtek used GPRS (class 10) 
interface for extra-BAN communication; GPRS 
network was provided by Sunrise operator and 
WLAN by University of Geneva. The BEsys was 
a standard high performance server dedicated to 
MobiHealth telemonitoring services. The server 
was placed at University of Twente. 

Measurements Instrumentation 

The KA-RTT values (in milliseconds) were mea¬ 
sured every 10 seconds continuously during the 
telemonitoring application execution. Moreover, 
the geographical location, time, network received 
signal strength indication, remaining battery level 
and data-rate sent by the DS at the MBU to the 
SO at the BEsys (in B/s), have been logged every 
second. 

Predictions Tasks Definition 

The goal of the research reported in this chapter is 
to assess the feasibility of predicting the KA-RTT 
values based on classification models build from 
the measurements data. We aimed to answer the 
following question: “Having collected 5 days of 
history of KA-RTT values as observed at different 
geographical locations, times, with use of different 
wireless networks and technologies, can we predict 


KA-RTT values for one of the next days?” For the 
purpose of this task we have taken Monday-Friday 
26-30 November 2007 data as training (i.e. learn¬ 
ing) dataset, and Monday 3 December 2007 data 
as testing (i.e. prediction) dataset. 

Moreover, we have asked a question if data 
collected by one MBU device (emulating user 1 
or 2 and denoted as D1 or D2) can be equally used 
for deriving predictions for this device or for the 
other device (cases denoted D1 -2 if data collected 
by device 1 is used for predictions for device 2; 
D2-1 is the other way around). Furthermore we 
asked a question if joined set of data collected by 
both devices can be used for predictions provided 
to any of them (cases denoted D1,1 -1 ifpredictions 
are made for D1 and D 1,2-2 if for D2). 

From our preliminary research we concluded 
that predicting the KA-RTT numerical value is 
practically impossible. Therefore, as the pur¬ 
pose of this study is explorative, we transformed 
KA-RTT numeric values (in milliseconds) into 
categorical values along nine different schemas 
(and not only along one schema, as it is done in 
many other studies). A categorization schema 
was derived twofold. Firstly, we have derived it 
based onhealthcare practitioner’s (i. e. MobiHealth 
user’s) delay requirements posed for a vital sign 
data delivery. Secondly, we have derived it from 
by the KA-RTT numeric values distribution. 
Therefore we defined nine different KA-RTT 
classification tasks. For those tasks the KA-RTT 
value was classified in: 

• Task 1: two intervals (‘ 1 ’, ‘0’): correspond¬ 
ing to KA-RTT values of [0, 750) and [750, 
oo); task 1 is denoted further as cl-750, 

• Task 2: two intervals (‘1’, ‘0’): corre¬ 
sponding to KA-RTT values of [0, 1000) 
and [1000, oo); task 2 is denoted further as 
cl-1000, 

• Task 3: two intervals (‘1’, ‘0’): corre¬ 
sponding to KA-RTT values of [0, 1500) 
and [1500, oo); task 3 is denoted further as 
cl-1500, 
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• Task 4: two intervals (‘1’, ‘0’): corre¬ 
sponding to KA-RTT values of [0, 2500) 
and [2500, oo); task 4 is denoted further as 
cl-2500, 

• Task 5: two intervals (‘1’, ‘0’): corre¬ 
sponding to KA-RTT values of [0, 3000) 
and [3000, oo); task 5 is denoted further as 
cl-3000, 

• Task 6: four intervals derived from KA- 
RTT distribution (‘1’, ‘2’, ‘3’, ‘4’): corre¬ 
sponding to KA-RTT values of [0, 1811), 
[1811, 2221), [2221, 2609), and [2609, oo); 
task 6 is denoted further as c2 

• Task 7: five intervals (‘1’, ‘2’, ‘3’, ‘4’, 
‘5’): corresponding to KA-RTT values of 
[0, 500), [500, 1000), [1000, 1500), [1500, 
2000) and [2000, oo); task 7 is denoted fur¬ 
ther as c3-500, 

• Task 8: five intervals (‘1’, ‘2’, ‘3’, ‘4’, 
‘5’): corresponding to KA-RTT values of 
[0, 750), [750, 1500), [1500, 2250), [2250, 
3000), [3000, oo); task 8 is denoted further 
as c3-750, 

• Task 9: five intervals (‘1’, ‘2’, ‘3’, ‘4’, ‘5’): 
corresponding to KA-RTT values of [0, 
1000), [1000, 2000), [2000, 3000), [3000, 
4000), [4000, oo); task 9 is denoted further 
as c3-1000. 

Tasks 1-5 can be also called ‘binary’, as they 
aim to predict one of two possible values of the 
KA-RTT class. 

Collected Data Summary 

In the collected data, we distinguish nine fixed 
user’s geographical locations and six trajecto¬ 
ries (traversed while patient was mobile). We 
distinguish Sunrise-GPRS as wireless network 
provider-wireless technology 1 (provider-Techl) 
combination and University of Geneva - WLAN 
as wireless provider 2 - technology 2 combina¬ 
tion (provider-Tech2). We have collected in total 
2’509’250 KA-RTT measurement seconds for 


two systems; 1’228’780 instances for D1 and 
1’280’470 instances for D2. 

Data Representation 

Measurement of each KA-RTT instance has been 
associated with measurement of the MBU and 
BEsys platform parameters. These parameters we 
use now as discri mi nators for KA-RTT classifica¬ 
tion. These parameters are also called features 
(Witten & Frank, 2005) and KA-RTT itself is 
called a target feature. 

Day of a week (DoW) represents a day of the 
week (1 -7; 1 is Monday) and hour (hr) represented 
as an hour of a day (0-23). DoW and hr are the two 
features indicating time. We have collected data in 
time span of one month; if we would collect data 
for consecutive months and years, the month and 
year would be candidate features as well. 

Geographical location (loc) represents the 
patient’s geographical location, where 1 is home, 
2 - office, 3 - shopping centre, etc. Network opera¬ 
tor (op) represents the wireless network provider 
and wireless network technology used, where 1 
is wireless network provider-Tech 1 (Sunrise- 
GPRS) and 2 is wireless network provider-Tech2 
(UniGe-WLAN). Hr, DoW, loc and op are cat¬ 
egorical data. 

The network received signal strength indication 
(RSSI) at the MBU (sig) has been quantized into 
four values from 1 (none or a weak signal) to 4 
(a maximum signal). Similarly, the MBU remain¬ 
ing battery level (bat) has value from 1 (none or 
a small fraction of battery left) to 4 (maximum 
battery level). The variables sig and bat are to be 
considered as ordinal data with a Likert scale, i. e. 
one cannot assume the intervals between values 
are the same but just that the values are ordered 
(DeVellis, 2003). It results the inherent way these 
values are derived from the MBU OS; they are 
not measured continuously, but in steps. Health 
telemonitoring data-rate (in Bytes/second) sent by 
the MBU to the BEsys is denoted as MBU-Rout 
and is a regular numerical value. 
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Training and Testing Accuracy 

Accuracy of classification models build from the 
measurements data for a given classification task 
is derived in two phases: learning, called training 
phase and predictions called testing phase. 

Foragivenmodel, its accuracy it is apercentage 
of correctly classified instances in training or test- 
ingphaseandthereforecalledrespectively training 
accuracy or testing accuracy. Accuracy has a value 
in range of 0... 100%, where 0% means that none 
of instances were correctly classified, and 100% 
means all of them were classified correctly. 

In a training phase, prediction models are de¬ 
rived (i. e. learned) by given data mining algorithm 
(with given parameters), based on the given train¬ 
ing dataset. In a testing phase the derived models 
are tested on the given testing dataset. Training 
and testing datasets are non-overlapping subsets 
derived from the overall set of measurements data 
available for our research. 

As a training procedure we choose 10 folds 
cross-validation (CV) executed on a training 
dataset (Witten & Frank, 2005). In each CV we 
obtain 10 models for an algorithm. The CV is 
repeated 10 times to obtain statistically sound 
training results, i.e. all 100 individual models 
are then used to estimate mean and variance of 
accuracy for the given algorithm on the given 
training dataset. 

Testing procedure encompasses evaluation of 
the accuracy of the derived models on the testing 
dataset. The testing dataset is sometimes also de¬ 
noted as a ‘hold-out’ data set, as it is held-out from 
the overall set of measurements data available for 
a given research. According to guidelines in data 
mining field, the accuracy obtained by an algo¬ 
rithm in a testing phase aims to represent a future 
(i.e., any) predictions accuracy of this algorithm 
(Mitchell, 1999; Witten & Frank, 2005). 

Accuracy of each classification model build 
from the training dataset for given classification 
task is to be compared with the task’s baseline 
accuracy. Given our nine prediction tasks, where 


target feature is to be classified in one of two, four 
or five distinct categories, baseline accuracy we 
define based on a mode class (i.e. most probable 
class, which is more suitable than a mean class 
value) for this task (Witten & Frank, 2005). For a 
given task, firstly, the mode class is learned from 
the task’s training dataset; then the task baseline 
accuracy is a probability of this mode class derived 
from task’s training dataset. 

A prediction algorithm, which uses the above 
logic and predicts the mode class value, we call 
an ‘educated guess' data mining method. It is 
implemented in WEKAsoftware package as ZeroR 
(ZR) rule (Witten & Frank, 2005). 

Prediction Results 

In our predictions case study, we analyzed 
performance of diverse data mining techniques 
including Bayesian networks, rules and trees. 
The results are presented in six separate Tables 
1-6, each table corresponds to a defined system 
case (Dl, D2, Dl-2, D2-1, D 1,2-1 and D 1,2-2) 
and rows correspond to nine classification tasks 
(cl-750, etc.). The table columns represent a) 
a user-case and its classification task; b) task’s 
baseline accuracy in percentage; c) a result for a 
training phase: the most accurate algorithm and 
its parameters and its accuracy in percentage; d) 
a result for the testing phase: the most accurate 
algorithm and its accuracy in percentage; and e) 
the testing accuracy of the most accurate algo¬ 
rithm from a training phase (i.e. algorithm with 
parameters as given in the colu mn c). 

The names of the algorithms are abbreviated 
as follows: J48 for J48, PA for PART, JR for JRip, 
NB for Naive Bayes, RF for Random Forest and 
ZR for ZeroR rule (i.e. performing along the task’s 
baseline accuracy). For some tasks, no values exist 
in the tables (“-“). Forthese tasks, we assume that 
due to the distribution of target feature in the train¬ 
ing and testing datasets at the level of 99-100%, 
the baseline accuracy is the only performance 
measure. For these tasks, there is no advantage 
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Table 1. System 1 data only usedfor training-validation and testing (Table 1-6. Predictions accuracy for 
the predictions experiment. Each row represents results for one prediction task and it gives its baseline 
accuracy, with an indication in brackets which is the majority class for a given task; the most accurate 
algorithm with its parameter setting and its accuracy found a training-validation phase; the most accu¬ 
rate algorithm and its accuracy found in testing phase; and the accuracy of the most accurate algorithm 
from a training-validation phase, in its testing phase) 


D1 

Baseline Ace 
(%) 

Training-Validation 

Testing 

Training-Validation in 
Testing 

class, task 

alg. and 
param. 

Ace (%) 

algorithm 

Ace (%) 

Ace (%) 

cl-750 

100 (‘0’) 






cl-1000 

100 (‘0’) 






cl-1500 

100 (‘0’) 






cl-2500 

69 (‘1’) 

J48 -C 15 B 

70 

JR 

69 

57 

cl-3000 

92 (‘1’) 

J48 -C 15 B 

79 

ZR 

92 

88 

c2 

22 (‘4’) 

J48 -C 15 

51 

NB 

37 

33 

C3-500 

81 (‘5’) 

JR-N10O2P 

90 

JR 

81 

81 

C3-750 

46 (‘4’) 

J48 -C 15 B 

54 

NB 

50 

46 

C3-1000 

74 (‘3’) 

J48 -C 15 B 

68 

JR 

74 

72 


gained from data mining, which require training 
and testing phase hence would mean wasting of 
the computational resources. 

For all algorithms, the training and testing times 
were in the order of one second or below. 


Analyzing the results, we conclude that the 
advantage gained from data mining leaves no 
room for doubt. All results throughout all the six 
cases, show large advantage of algorithms over 
the baseline accuracy (i.e. accuracy of models is 
higher of up to 64% over the baseline accuracy). 


Table 2. System 2 data only was used for training-validation and testing 


D2 

Baseline Acc 
(%) 

Training-Validation 

Testing 

Training-Validation in 
Testing 

class, task 

alg. and 
param. 

Acc (%) 

algorithm 

Acc (%) 

Acc (%) 

cl-750 

72 (‘O’) 

J48-C 15 B 

82 

JR 

73 

70 

cl-1000 

49 (‘0’) 

PA-C 25 B 

89 

JR 

82 

82 

cl-1500 

33 (‘0’) 

PA-C 15 

98 

NB 

98 

97 

cl-2500 

86 (‘I’) 

J48 -C 15 B 

86 

JR 

87 

86 

cl-3000 

96 (‘I’) 

PA -C 35 B 

95 

JR 

96 

96 

c2 

69 (‘I’) 

J48 -C 15 B 

74 

J48 

80 

79 

C3-500 

27 (‘5’) 

J48 -C 15 B 

78 

JR 

74 

73 

C3-750 

40 (‘2’) 

J48 -C 15 B 

62 

JR 

56 

53 

C3-1000 

51 (‘1’) 

J48 -C 15 B 

75 

JR 

75 

73 
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Table 3. System 1 data was used for training-validation and system 2 data for testing 


Baseline Ai 
(%) 


Training-Validation 


1-1000 


100 (‘0’) 


cl-1500 
cl-2500 
cl-3000 


100 (‘0’) 
58 (‘1’) 
89 (‘1’) 


PA -C 35 B 
JR -N2 02 


c2 


33 (‘4’) 


This is especially visible for tasks when delay was 
classified in 2 categories (i.e., tasks cl), where 
predictions accuracy reaches 80-100%. For tasks 
when delay was classified in 4-5 categories (i.e., 
tasks c2, c3), the predictions accuracy increased 
up to even 4 times over the one of the baseline. 
This has been observed consistently for task c2. 

The highest accuracy is mainly obtained by 
algorithms which test features sequentially (trees 
and rules: J48, Part and JRip). When examining the 
models produced by these algorithms, we observe 


that the geographical location, operator and time 
are the most predictive features, followed by ap¬ 
plication data-rate and device’s signal and battery. 
NB models were in many tasks least accurate. This 
clear performance dichotomy between sequential 
( e.g. J48) and parallel (NB) algorithms suggests 
a weak interaction among all the seven features 
used for delay predictions. 

However, in some tasks, NB models were 
most accurate. When examining the models 
produced by NB algorithms, we observed that 


Table 4. System 2 data was used for training-validation and system 1 data for testing 


D2-1 

Baseline Ace 
(%) 

Training-Validation 

Testing 

Training-Validation in 
Testing 

class. Task 

alg. and 
param. 

Ace (%) 

algorithm 

Acc (%) 

Acc (%) 

cl-750 

100 (‘0’) 






cl-1000 

100 (‘0’) 






cl-1500 

ioo co’) 






cl-2500 

74 (‘1’) 

JR-N10O5 

76 

JR 

75 

73 

cl-3000 

94 CP) 

PA -C 35 B 

91 

ZR 

94 

89 

c2 

17 (‘4’) 

J48 -C 15 B 

53 

J48 

41 

41 

C3-500 

76 (‘5’) 

NB-D 

85 

NB-D 

76 

76 

C3-750 

41 (‘4’) 

J48 -C 15 B 

64 

J48 

53 

53 

C3-1000 

71 (‘3’) 

J48 -C 15 B 

72 

ZR 

71 

70 
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Table 5. System 1 and 2 data was used for training-validation and system 1 data for testing 


Dl,2-1 

Baseline Ace 
(%) 

Training-Validation 

Testing 

Training-validation in 
Testing 

class. Task 

alg. and 
param. 

Ace (%) 

algorithm 

Ace (%) 

Ace (%) 

cl-750 

100 (‘0’) 






cl-1000 

100 (‘0’) 






cl-1500 

100 (‘0’) 






cl-2500 

69 (‘1’) 

J48 -C 35 

74 

JR 

74 

64 

cl-3000 

92 (‘1’) 

J48 -C 25 B 

86 

ZR 

94 

90 

c2 

22 (‘4’) 

J48 -C 15 B 

51 

NBS 

41 

36 

c3-500 

81 (‘5’) 

JR-N10O2P 

87 

PA 

76 

76 

C3-750 

46 (‘4’) 

J48 -C 15 

58 

NB-D 

54 

51 

C3-1000 

74 (‘3’) 

J48 -C 15 B 

70 

ZR 

71 

69 


the accuracy of these models was not related to 
strong interaction among all the seven features 
used for delay predictions, but it was related to 
the highly unbalanced distribution of delay (i.e. 
90% probability of mode class). 

We also analyzed the accuracy of best algo¬ 
rithms in a training phase, i.e., algorithms with 
the highest accuracy in the training phase, against 
the accuracy of best algorithms in the testing 
phase. Without looking at results after applying 
the statistical significance tests, the difference 


between these accuracies ranges from 1-14% 
(c.f. column ‘training’ vs. ‘training in testing 
(Tr in Te)’). Based on this observation alone we 
conclude that algorithms accuracy observed at 
training resulted not from over-fitting to training 
dataset, but from an effective generalization made 
by algorithms, which kept same level of accuracy 
on testing datasets. Moreover, after applying the 
Bonferroni adjustment for multiple comparisons 
and McNemar statistical significance tests, we 
saw that all differences vanish among the best 


Table 6. System 1 and 2 data was used for training-validation and system 2 data for testing 


Dl,2-2 

Baseline Acc 
(%) 

Training-Validation 

Testing 

Training-Validation in 
Testing 

class. Task 

alg. and 
param. 

Acc (%) 

algorithm 

Acc (%) 

Acc (%) 

cl-750 

72 (‘0’) 

NB 

100 

NB 

100 

100 

cl-1000 

49 (‘0’) 

NB 

100 

NB 

100 

100 

cl-1500 

33 (‘0’) 

NB-D 

99 

NB 

100 

100 

cl-2500 

86 cn 

J48 -C 35 

74 

JR 

59 

52 

cl-3000 

96 (‘1’) 

J48 -C 25 B 

86 

NB 

89 

88 

c2 

10 (‘4’) 

J48 -C 15 B 

51 

J48 

37 

37 

C3-500 

27 (‘5’) 

JR-N10O2P 

87 

NB-D 

86 

86 

C3-750 

16 (‘4’) 

J48 -C 15 

58 

JR 

53 

52 

C3-1000 

23 (‘3’) 

J48 -C 15 B 

70 

JR 

76 

75 
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models in testing. That means that best training 
algorithms, were also amongst the best testing 
algorithms, i. e. they can be used further for deriv¬ 
ing accurate predictions. 

Overall, from prediction results we conclude 
that it is feasible to provide accurate predictions for 
a user based on own or the other user (i. e. system) 
data. It is equally feasible to provide predictions 
for a user based on own and other user data. In 
these cases (i. e ., D 1,2-1 and D 1,2-2) however the 
improvement (or loss) in accuracy is small (-5 to 
7% for Dl), and does not motivate the effort of 
including other user’s training datasets. In other 
words, the data collected by D2 does not improve 
accuracy of predictions provided to user Dl. For 
D2, this improvement is highly variable (-42 to 
30%), and again, does not motivate the effort of 
including other user’s training datasets. It is not 
clear why using first and second user datasets for 
the first user, provides more advantage than for 
the other user. For this experiment, we conclude 
that data collected by one user does not improve 
accuracy of predictions provided to other user. 

Conclusion on Prediction Results 

Analyzing the overall results, we conclude that 
the advantage gained from data mining leaves no 
room for doubt. We show however that accuracy 
of different algorithms varied, depending on 
what has been predicted. Best prediction results 
we obtained via tree-based data mining methods, 
which can leam tree-structured dependencies 
(like a random tree or a rule). This we explain 
by the structure of data which has been organized 
in a hierarchical way along user geographical 
location, network provider wireless technology 
and time variables. Similar conclusion has been 
already reported by (Nurmi etal., 2007) foruser’s 
geographical location and time-based activity 
prediction tasks. Therefore it is not surprising that 
when examining prediction models derived by 
trees and rules algorithms, we observe that user 
geographical location, network provider wireless 


technology and time (day of the week and hours) 
were most predictive variables. The mobile device 
received signal strength indication and battery 
fill level were not predictive, but we conclude 
it could be that because their distributions were 
verymonotonic, i.e., strength indication as well as 
battery fill level were almost all the time having 
a maximum value. 


FUTURE RESEARCH DIRECTIONS 

There are many possible scenarios, in which 
QoS-predictions service can evolve. Perhaps the 
biggest remaining challenge is that of bringing 
more discriminatory information to bear on the 
prediction tasks. Integrating more domain-specific 
information concerning e.g. cell-ID for a GPRS 
network or precising geographical location of 
the user further (i.e. to the meter of accuracy 
while using one of the techniques as proposed 
by (Hightower & Borriello, 2001)), or the current 
state of mobile device (e.g. memory, CPU usage) 
more accurately, is a feasible solution in the short 
term. We may also consider including domain- 
independent features (e.g. statistical measures 
like median) to the discriminatory power of the 
data mining techniques. We may ultimately have 
to mine the mobile computing literature to gather 
fresh insights on the part of delay values, currently 
defying classification. 

Another possible future work direction is a 
research on a scalable solution for QoS-predictions 
service - limiting its scope of operation to a par¬ 
ticular city, region or country, limiting the scope 
of wireless network providers or technologies 
for which predictions can be provided. Scoping 
can be dictated by the need of limiting the QoS 
information to be processed for deriving the 
QoS-predictions, or the need for higher accuracy 
of QoS-predictions provided for a restricted geo¬ 
graphical location-area. Furthermore, the service 
can be limited in terms of network providers and 
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wireless technologies for which the QoS-predic- 
tions service acquires QoS information. 

A research direction for a long term includes a 
technical feasibility of the QoS-predictions service 
(i.e. delay-predictions service) to be evaluated 
in an operational MobiHealth system. So far we 
have proposed an architecture of such a solution, 
which we name QoS in formation system (QoSIS 
(Wac et al., 2009b). From implementation point 
of view we would like to research feasibility of 
deriving predictions on mobile device itself, with¬ 
out passing through the QoS-predictions provider 
on the Internet. We believe that it is duable given 
the current computing and storage capabilities of 
mobile devices. However, the efficiency and ef¬ 
fectiveness of this solution needs to be compared 
to the one based on the QoS-predictions server 
on the Internet. 

In our research we have already analyzed a 
business viability of an enterprise that based on 
a collaborative-sharing of the QoS information 
collected by mobile service users (Mobile Web 
2.0 community), provides its QoS-predictions ser¬ 
vice back to these users. We name this enterprise 
QoSIS.net and we present our research outcomes 
in (Wac et al., 2009b). 

We also need research on the following is¬ 
sue. If all mobile users will get prediction for an 
excellent QoS level provided by network X in 
geographical location A and will switch to this 
network at the same time, most probably they 
will experience low QoS (or even that they will 
be i nh ibited from using the network by the net¬ 
work admission control system). This low QoS 
will then be logged by QoS-predictions service 
provider in form of a new historical data. Based 
on this new historical data, future prediction for 
network X will not indicate its excellent Qo S level. 
We believe that in a long term, system will find 
equilibrium based on what are the QoS required 
by the users and the QoS provided by networks. 
However, we admit that the load balancing in the 
network and QoS-predictions service usage is a 
future work area. 


Future research directions aiming at QoS sup¬ 
port for mobile users in 4G environments would 
include research of solutions that build upon 
best-effort networks to fulfil QoS requirements 
for any mobile application used by its user any- 
where-anytime. We envision that QoS-predictions 
service will be used by other applications in e.g. 
entertainment (gaming), communication (voice) 
and infotainment (TV, web browsing) domains. 
Many of these applications are provided nowadays 
over fixed Internet infrastructures and soon they 
will be available ‘on the move’. These applica¬ 
tions provide strict QoS requirements. Namely, for 
example games of type first person shooter (Quake, 
Doom, Half-life, Counter Strike, American Army), 
where the fast step first person action counts, are 
so far most popular multiplayer games and as it 
has been proven, they have strict QoS require¬ 
ments (Matsumoto, 2004) like the RTT value of 
100 ms (Beigbeder et al., 2004), very low delay 
jitter and no (Quax et al., 2004). VoIP applica¬ 
tions require RTT of 150 ms to maximum 400 
ms, jitter of up to 50 ms and loss of 3% maximum 
(ITU-T, 2007a, 2007b). Internet Protocol Televi¬ 
sion (IPTV) services require a constant network 
capacity of around 2 Mbps in order to deliver its 
services to users at the satisfactory level (ITU-T, 
2007c). Moreover, forwebbrowsing (King, 2008), 
proved that service delay quality ratings show a 
drop-off at around 8 to 10 seconds; users required 
that the most important content on the web will 
be displayed to them with delay of maximum 2 s. 
These (and many others) applications provide strict 
QoS requirements; hence they will need a sup¬ 
port to fulfil these requirements for a mobile user 
being anywhere-anytime. Using QoS-predictions 
service would be an option. 

CONCLUSION 

The overall conclusive remarks drawn upon the 
results obtained in our study on feasibility assess¬ 
ment for QoS-predictions indicate that the previ- 


394 




QoS-Predictions Service 


ously believed assumption that, it is not feasible 
to predict QoS provided by a network provider 
in a ‘best-effort’ networking environment, can be 
refuted. Namely, we show that it is feasible and 
sometimes straightforward to predict an accurately 
value of a QoS performance measure for a specific 
mobile application used at given geographical 
location-network provider-technology-time. The 
prediction accuracy is driven by the amount of 
available historical data. On one hand, we claim 
thatmobile services needno longer be condemned 
to ‘best-effort’ service provided by the underlying 
heterogeneous networking environment; a mobile 
service can use QoS-predictions to proactively 
obtain ‘best of best-effort’ service for the end-to- 
end communication path. On the other hand, we 
envision that in order to match the mobile appli¬ 
cations QoS requirements and QoE-expectations 
in plentiful 4G networking environments, mobile 
application and service providers need to take a 
necessary step and employ novel technological 
solutions for the QoS support in their service 
delivery processes. QoS-predictions service is 
just an example of such a novel support. 
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ABSTRACT 

This chapter addresses the critical issue of Quality of Service (QoS) provisioning in next generation 
wireless networks. While the QoS offered to users may be enhanced through innovative protocols and new 
technologies, future trends should take into account the efficiency of the resource allocation strategies 
and the network/terminal cooperation as well. 4G networks will be characterized by an heterogeneous 
environment where several access networks will be available. The purpose of this chapter is to summa¬ 
rize techniques that enable efficient distribution of resources exploiting the existing infrastructure. Such 
techniques may involve either smart selection mechanisms or cooperating schemes among network enti¬ 
ties. Since decision-making processes are examined, the use of game theory is considered as a valuable 
asset in the authors ’ work. To this end, the chapter also collects applications of both non-cooperative 
and cooperative game theory applications in wireless networks. The main aspects of both game types 
are presented and several games are modeled. 


INTRODUCTION 

Future wireless networks will be heterogeneous. 
The heterogeneous wireless networks integrate 
different access networks, such as IEEE 802.15 
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Wireless Personal Area Networks (WPAN), IEEE 
802.11 Wireless Local Area Networks (WLAN), 
IEEE 802.16 Wireless Metropolitan Area Networks 
(WMAN), General Packet Radio Service (GPRS), 
Enhanced Data rates for GSM Evolution (EDGE), 
Code Division Multiple Access (cdma) 2000, Wide¬ 
band Code Division Multiple Access (WCDMA), 
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satellite networks, etc. The proliferation of wire¬ 
less access technologies, and the evolution of the 
end-user ter mi nals (smart phones, PDAs, etc...) 
are leading fast towards a ubiquitous, pervasive 
and rich connectivity offer, such that the end 
users won’t be only always connected, but also 
always covered by multiple access networks / 
technologies. 

Users are expected to access personalized 
services with context-awareness: location, char¬ 
acteristics of the available networks, user pref¬ 
erences, application requirements and terminal 
capabilities. The vision is that users will not be 
tied down to a long-term contract with one single 
operator but will instead be able to dynamically 
choose access provision on a per call basis. The 
evolving competitive marketplace is expected to 
provide a choice of access networks in any given 
location, each offering different network technolo¬ 
gies with varying characteristics to transport the 
user’s communications application. 

Selection of the most efficient and suitable ac¬ 
cess network to meet a specific application’s QoS 
requirements has recently become a significant 
topic, the actual focus of which is maximizing the 
QoS experienced by the user. The main concept 
is that users will rely on intelligent network se¬ 
lection decision strategies to aid them in optimal 
network selection. The end-users can potentially 
take wise decisions on which access network to 
connect to on the basis of several merit functions 
including the current load of the network and the 
cost-for-connectivity. The first section of this 
chapter will collect modem network selection 
algorithms, focusing on the merits that may be 
used as selection criteria. 

In general, the wide area access wireless net¬ 
works have larger coverage and support better 
mobility but have lower data rates and require 
higher power consumption on mobile terminals, 
for instance cellularnetworks GPRS andUniversal 
Mobile Telecommunications System (UMTS); the 
local area access wireless networks have higher 


data rates and consume much less power on the 
ter mi nals but have smaller coverage with limited 
mobility, for instance nomadic wireless networks 
WLAN and Bluetooth. The tradeoffbetween cov¬ 
erage and data rate is due to the relation between 
radio signal attenuation and distance. 

The second section ofthis chapterwill expose 
new ideas and trends on cooperative communica¬ 
tion networks, in which wireless nodes cooperate 
with each other by transmitting information. Such 
schemes promise significant gains in overall 
throughput and energy efficiency. A feasible 
solution to implement the envisioned wireless 
networks and sophisticated ter mi nals is twofold. 
On the one side cellular and nomadic (short-range) 
heterogeneous networks should cooperate with 
each other and on the other side the terminals 
forming a cluster should also collaborate. The 
next generation cooperative networks architecture 
is based on cellular reception of data which is 
then forwarded or shared among mobile devices 
within each others ’ proximity over the short-range 
li nk. To implement such cooperative networks, 
it requires that all the coexisted heterogeneous 
(wide access/local access) wireless networks can 
be designed to synergize efficiently. In addition, 
the multi-modality terminals can exploitthe highly 
cooperative heterogeneous networks to cooperate 
with peers to realize the envisioned network. 

Since decision-making processes are also 
examined in this chapter, we consider the employ¬ 
ment of game theory as a promising asset. The 
third section of this chapter is devoted to explain 
this fascinating tool. Game theory is a mathemati¬ 
cal tool developed to understand competitive situ¬ 
ations in which rational decision makers interact 
to achieve their objectives, aimed at modeling 
situations in which decision makers have to make 
specific actions that have mutual, possibly conflict¬ 
ing, consequences (Fudenberg & Tirole, 1991). 
It has been used primarily in economics, in order 
to model competition between companies. Game 
theory techniques have recently been applied to 
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various engineering design problems in which the 
action of one component has impact on (and per¬ 
haps conflicts with) that of the other components. 
As a tool, it may be used for forming cooperation 
schemes among entities such as nodes, terminals 
or network providers. During the last years, game 
theory has widely been applied to networking, in 
most cases to solve routing andresource allocation 
problems in a competitive environment. Many 
references on the state of the art of application of 
game theory to wireless networks are collected by 
Altman (Altman, Boulogne, Azouzi, Jimenez & 
Wynter, 2006). The most fundamental concepts 
of non-cooperative game theory, as well as the 
modeling of several examples are given by Fel- 
egyhazi and Hubaux (2006). 


NETWORK SELECTION 
MECHANISMS 

Background 

Utility-based functions are commonly used to 
describe user preference rating relationship for a 
number of metrics. There are several cases where 
users’ perception of a service can be estimated 
through using end-to-end QoS, as explained by 
Jain (2004); there is however, as also stressed by 
Dohler (Dohler, Meddour, Senouci & Saadani, 
2008), too much subjectivity which poses barri¬ 
ers to its use. 

Ormond et al. (Ormond, Murphy & Muntean, 
2006) propose a utility-based strategy for network 
selection in a multi-access network scenario. 
Their solution is a user-centric selection strategy 
based on maximizing consumer surplus subject 
to meeting user-defined constraints in terms of 
transfer completion time. Moreover, a low com¬ 
plexity, centralized network selection scheme, 
aiming to optimally distribute the end users to the 
networks of the heterogeneous wireless system, 
in the sense of maximizing the global spectrum 


efficiency is presented by Huiling (Huiling, Zha- 
oyang, Peng, Hsiao-Hwa & Shiju, 2006). Bari and 
Leung (2007a), on the other hand, based on the 
Euclidean distance, they calculate the measures of 
closeness/separation S, for the best and the worst 
cases. Then, for each network, the preference P 
is calculated, based on the relative closeness to 
the best and separation from the worst solutions. 
The access network with the highest P value is 
then selected. Finally, Xuejun et al. (Xuejun, Ling, 
Rut & Yanqi, 2007) adopt a Satisfaction Degree 
Function (SDF) to evaluate, according to user’s 
predefined criteria, available networks and select 
the best one(s) according to such criteria. The 
criteria considered incorporate user policies and 
information, including dynamic network status 
and application requirements. 

Song and Jamalipour (2005a, 2005b) propose 
a methodology to compare networks based on the 
level of end-to-end QoS provided. The methodol¬ 
ogy combines two mathematical methods, called 
Analytical Hierarchy Process (AHP) and Grey 
Relational Analysis (GRA). An extension of this 
methodology with additional analysis on weight 
specification is introduced by Charilas et al. 
(Charilas, Markaki, Nikitopoulos & Theologou, 
2008a; Markaki, Charilas & Nikitopoulos, 2007). 
According to these approaches, network selection 
is based on an algorithm for the estimation of end 
user satisfaction. 

Selection Criteria: Key 
Performance Indicators 

Evaluating the performance of a wireless network 
presupposes the existence of adequate metrics that 
reflect the network’s actual capacity to satisfy 
its users. Key Performance Indicators (KPIs) 
are a set of measurements used to keep track 
of a network status over the time. KPIs can be 
categorized in two types whether they describe 
the network’s resources or the QoS provisioned. 
The main KPIs related to QoS can be measured 
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in any type of packet-switched network; some of 

them are listed below: 

• Delay: (also referred as latency for WLAN 
or Short Radio Range systems), is the nec¬ 
essary time for one data packet to get from 
one designed point to another. The round- 
trip delay is measured by the time needed 
for sending a packet that is returned to the 
sender. From this, the one-way delay can 
be calculated, being half of the round-trip 
delay. A measured delay much longer than 
the expected one indicates that there is traf¬ 
fic congestion in the network. 

• Jitter: represents the delay variation of the 
received packets over time. Packets that are 
transmitted at a constant rate are not neces¬ 
sary received at a constant rate, due to net¬ 
work behaviour congestion. Jitter is, hence, 
the measure in time of the irregularity of 
the packets trans mi ssion. Several formulas 
for jitter calculation can be defined. Jitter 
can firstly be calculated as a raw spread¬ 
ing of the delay around the expected delay. 
If no expected delay is available, another 
reference must be chosen, for example the 
delay of the first received packet. Jitter 
may also be evaluated with reference to 
the mean delay of the previously received 
packet, using a recursive formula. 

• Peak user data throughput: is the mea¬ 
sure of the maximum rate achieved during 
the data transmission in the network. This 
KPI must refer to a single user. 

• Mean user data throughput: is the mea¬ 
sure of the average rate achieved during 
the data transmission in the network. This 
KPI must also refer to a single user. The 
calculation is usually made by comparing 
the size of the transmitted data with the 
time of transmission of these data, both for 
uplink and downlink. 


Available bandwidth may be calculated the 
capacity minus utilization over a given time 
interval, where utilization is the percentage of 
capacity currently being consumed by aggregated 
traffic. Several approaches of network selection 
are based on utility functions and decisions are 
taken according to values of certain figures of 
merit from physical layer, such as SNR, SNIR 
and BER. 

• Signal-to-noise ratio: is a term for the 
power ratio between the signal (useful in¬ 
formation) and the noise power. SNRs are 
usually expressed in decibels. 

• Signal-to-noise + interference ratio: the 
ratio, generally expressed in decibels, of 
the power of the wanted signal to the to¬ 
tal power of interfering signals and noise, 
evaluated in specified conditions at a spec¬ 
ified point of a transmission cha nn el. 

• Bit Error Ratio (BER): some examples 
of BER are (a) transmission BER, i.e., the 
number of erroneous bits received divided 
by the total number of bits transmitted; and 
(b) information BER, i.e., the number of 
erroneous decoded (corrected) bits divided 
by the total number of decoded (corrected) 
bits. 

The Importance of Pricing 
in Network Selection 

Consider that the user has a choice of several 
available networks, dependent on the current 
location. Each network in the system employs a 
fixed price per byte pricing scheme but charges 
with different prices and is subjected to different 
background traffic patterns. Naturally every user 
wants to deliver his/her data timely at the low¬ 
est price. The more delay the user experiences, 
the less he/she is willing to pay. The user may 
employ different possible tactics to select the 
network which will maximise his/her satisfaction. 
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For example a user may choose to always select 
one designated network regardless of its current 
characteristics, or to always minimise his/her 
expenses by choosing the cheapest network, or 
decide to continually opt the strategy of random 
network selection. Based on the above, users may 
be classified as risk neutral, risk seeking or risk 
adverse according to their preferences. 

Pricing schemes for network selection consider 
that the user’s willingness to pay depends on the 
level of his satisfaction. In other words, the more 
satisfied the user is, the more he is willing to pay. 
Satisfaction can be modeled in many different 
ways. For example, in case of file downloading, 
the user perceives the required downloading time 
as the sole KPI (key performance indicator). On 
the other hand, when audio or video services are 
considered, the user requires low delay and jitter 
to feel satisfied. 

For example, Ormond et al. (Ormond, Muntean 
& Murphy, 2005) presented an economic model for 
network selection. The authors validate their pro¬ 
posed strategy by comparing it with the “Always 
Cheapest network selection” and the “Consumer 
Surplus network selection” strategies. 

Weights of Selection Criteria 

So far we have collected a list of metrics that could 
aid the user in the selection process. Many selec¬ 
tion schemes however require not only the values 
of selected criteria, but also the importance each 
one of them bears. In other words, assuming that 
n criteria may evaluate a network’s performance is 
not sufficient; we also need to define the weights 
w p ■■■,w n that correspond to each one. 

Inmost cases inbibliography these weights are 
mainly defined through the creation and analysis 
of questionnaires, which reflect the user’s overall 
perception of a service. However, such approaches 
depend only on user feedback to determine relative 
weights and thus cannot be considered precise, 
since user’s perception and opinion is subjec¬ 
tive. Alternatively, other approaches consider 


the system’s characteristics and adapt the values 
of weights according to each cell’s performance 
(Charilas et al., 2008; Markaki et al., 2007). Due 
to their internal subjectiveness, weight specifica¬ 
tion can be implemented with the employment 
of tools such as fuzzy logic and multi-attribute 
decision making. 

Fuzzy Logic-Based Schemes 
for Network Ranking 

Modem approaches for network selection may 
additionally involve either Fuzzy Logic-based 
schemes or Multi Attribute Decision Making 
(MADM) schemes. In the first one a group of 
fuzzy logic rules in the form of linguistic IF-THEN 
have to be defined to model network selection 
(Kher, Somani & Gupta, 2005). However, such 
rules have to be configured by the user manually 
prior to selection and their complexity becomes 
overwhelming high as the number of attributes 
increases. Thus, the scalability of the fuzzy logic- 
based schemes is extremely low, which limits their 
usage in wireless networks selection. Despite the 
scalability issues, fuzzy logic-based schemes may 
be applied to the problem in question, since the 
objectivity of parameter weights and indicative 
values involves imprecision. 

The fuzzy sets theory, introduced by Zadeh 
in 1965 to deal with vague, imprecise and un¬ 
certain problems, has been used as a modeling 
tool for complex systems that can be controlled 
by humans but are hard to define precisely. The 
main characteristic of fuzziness is the grouping of 
individuals into classes that do not have sharply 
defined boundaries. The uncertain comparison 
judgment can be representedby the fuzzy number. 
For example, a triangular fuzzy number is the 
special class of fuzzy number whose membership 
is defined by three real numbers, expressed as (/, 
m, u), here l is the lower limit value, m is the most 
promising value and u is the upper limit value. 


404 





Enhanced QoS through Cooperating Schemes in Next Generation Wireless Networks 


Applying Multi-Attribute Decision 
Making to Network Selection 

Multi Attribute Decision Making (MADM) 
involves the selection of a series of criteria that 
influence a decision and the comparison of their 
importance, so that the best option among a set 
of alternatives can be reached. MADM methods 
focus on determining exactly how much impor¬ 
tance each criterion yields concerning the final 
selection. Once this task has been completed, 
all alternatives can be evaluated regarding their 
performance on all criteria and the best alternative 
can be pointed out. 

MADM provides a solid framework for net¬ 
work selection, since it constitutes a multi-criteria 
scenario. Researchers have considered the use 
of MADM algorithms (Bari & Leung, 2007b) 
to rank the candidate networks in a preference 
order. Numerous types of MADM algorithms ex¬ 
ist. Several of them may be suitable for solving a 
decision problem so that the decision maker may 
encounter the task of selecting amongst a number 
of feasible methods the most appropriate one. 
The final objective of the problem is analyzed 
into a number of decision elements, which are 
afterwards further analyzed until the problem 
acquires a hierarchical structure, in the inferior 
level of which the alternative solutions of the 
problem are found. Common QoS parameters, 
such as Delay, Jitter, Packet Loss, Throughput 
etc can be employed as criteria in such schemes. 
Furthermore, additional criteria may involve 
Availability, Cost etc. MADM requires also an 
initial indication on each parameter’s relative 
importance with regard to other parameters. As 
far as network selection is concerned, such an 
indication may be acquired from questionnaires 
or measurements. Criteria such as user satisfaction 
or cost are rather subjective and it is preferable 
that they are expressed in linguistic terms that 
correspond to fuzzy numbers. 

The problem of network selection can therefore 
be modeled as P = (A, C, w ), where 


• A = jl..... a} denotes the set of alterna¬ 
tives, in this case candidate networks 

• C = {l,..., A}denotes the set of criteria 
impacting the decision process of network 
selection, 

• w = jl,..., M | denotes the set of weights 
assigned to the selected criteria depending 
on the information about the specific ser¬ 
vice requested or the user QoS profile, so 
that w. = 1. 

Based on the scores achieved for each one of 
the selected criteria (attributes), the i th candidate 
network can be represented by a vector as fol¬ 
lows: 

DM. = [ci. C2. •••CM.] (1) 

For Aalternative networks to be considered in 
the selection process, a matrix NW is formulated 
as follows: 


Cl, 

C2j • 

•• CM, 

ci 2 

C2 2 • 

■• cm 2 

c\ N 

C2 n ' 

• • cm n 


Song and Jamalipour (2005b) as well as Cha- 
rilas (2008) and Markaki (2007) demonstrate an 
example ofhownetwork selection can bemodeled 
using two MADM methods, Analytical Hierarchy 
Process (AHP) and Grey Relational Analysis 
(GRA). AHP is used as a means of finding the 
optimal solution to a complex decision problem by 
synthesizing all problem-deciding factors. The ele¬ 
ments of each level of the hierarchy are compared 
per two as far as the degree of preference of one 
against the other is concerned. This comparison is 
realized via matrices (the number of which equals 
the number of nodes in the structure), where the 
preferences for each pair of decision elements 
are declared. In the afore-mentioned approaches, 
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AHP is used to estimate the weights of all factors, 
which are then used in GRA. 

On the other hand, GRA builds grey relation¬ 
ships between elements of two series to compare 
each member quantitatively. One of the series is 
composed of best quality entities, while the other 
series contains comparative entities. The less dif¬ 
ference between the two series, the more preferable 
the comparative series. A Grey Relational Coef¬ 
ficient (GRC) is used to describe the relationship 
between them and is calculated according to the 
level of similarity and variability. 

Bari and Leung (2007b) demonstrate how 
network selection can be modeled using another 
MADM method, called ELECTRE. This method 
also performs pair-wise comparisons among al¬ 
ternatives for each one of the attributes separately 
to establish outranking relationships between the 
alternatives. 

Combining Fuzzy Logic and Multi- 
Attribute Decision Making 

Several combinations of both scheme categories 
have also been proposed. MADM methods have 
been extended, so as to support fuzzy numbers. For 
example, Fuzzy AHP (FAHP), a fuzzy extension 
of AHP, was developed to solve the hierarchical 
fuzzy problems. In this approach, the pair wise 
comparisons in the judgment matrix are fuzzy 
numbers that are modified by the designer’s focus. 
Based on a set of standardized answers (linguistic 
variables) provided through appropriate question 
forms, the corresponding triangular fuzzy values 
are defined and the pair wise comparisons matrix 
A is constructed as 


( 3 ) 


where a denotes a triangular fuzzy number de¬ 
picting the relative strength of two elements. The 
necessity behind these new approaches lies behind 
the inability of conventional schemes to adequately 
handle the inherent uncertainty and imprecision 
associated with the mapping of the decision¬ 
maker’s perception to exact numbers, since they 
cannotreflectthe human thinking style. Kong and 
Liu (2007) presented a fuzzy madm algorithm to 
estimate parameter weights, as an integration of 
both subjective and objective weights. 


COOPERATION AMONG 
USERS IN 4G NETWORKS 

Background 

The success of 4G depends on the combination 
of network and terminal heterogeneity (Frat- 
tasi, Fathi, Fitzek, Prasad & Katz, 2006; Katz & 
Fitzek, 2005). Network heterogeneity guarantees 
ubiquitous connection and provision of common 
services to the user, ensuring at least the same 
level of QoS when passing from one network’s 
support to another one. Moreover, due to the 
simultaneous availability of different networks, 
heterogeneous services are also provided to the 
user (Frattasi, Fathi & Fitzek, 2006; Zhang, Fitzek 
& Katz, 2006). 

Cooperation is divided into two categories 
(Zhang et al., 2006): Macro cooperation and 
Micro cooperation. In the macro cooperation 
the cooperating entities are wireless terminals, 
virtual access points, wireless routers and other 
macroscopic wireless system parts. The potential 
of macro cooperation is exploiting shorter radio 
propagation distance to reduce interference and to 
increase data rate. As a result, lower transmission 
and reception power is required. Additionally, 
cooperative diversity (or cooperation gain) can 
be exploited to form virtual antenna array (or 
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virtual MIMO) to achieve network performance 
gain. In the micro cooperation the cooperating 
entities are microscopic components including 
processing units, functional parts and algorithms. 
The basic idea of micro cooperation is virtually 
sharing these microscopic components to obtain 
gain by designed cooperation mechanism. 

By sharing energy resources, the cooperating 
terminals inherently share processing as well as 
spectrum resources. This makes cooperation a 
paradigm of gaining energy efficiency by shar¬ 
ing processing and spectrum resources among 
cooperating terminals. It is apparent that proper 
incentives, e.g. in terms of energy efficiency, 
have to be in place before each terminal agrees 
to participate in a cooperating network and to 
spend energy resources to serve the needs from 
other cooperating terminals. 

Cooperative Services in 4G 

The concept of node cooperation introduces a new 
form of diversity that results in an increased reli¬ 
ability of the communication, leading both to the 
extension of the coverage and the minimization 
of the power consumption (Frattasi, Can, Fitzek 
& Prasad, 2005; Perrucci, Fitzek, Boudali, Cano- 
vas, Nejsum & Strudstrap, 2007). In fact, mobile 
terminals are less susceptible to the channel varia¬ 
tions and shadowing effects and can transmit at 
lower power levels in order to achieve a certain 
throughput, thus increasing their battery life. 
Furthermore, cooperative transmission strategies 
may increase the end-to-end capacity and hence 
the spectral efficiency of the system. In a coop¬ 
eration scenario the terminals may communicate 
over a short range communication in parallel to the 
cellular communication. Such architecture offers 
virtual high data rate, lower energy consumption 
and new business models. 

Frattasi (2005) and Perrucci (2007) show that 
terminals in the same multicast group with physi¬ 
cal proximity can communicate with each other 
using high-speed wireless links. The basic idea 


behind this mechanism is illustrated in Figure 1. 
Users belonging to the same multicast group may 
download data and at the same time establishing 
Bluetooth connections to share downloaded data 
with less fortunate users. The decision about shar¬ 
ing resources involves a reputation matrix, Finally, 
resource sharing users are rewarded according to 
their contribution. Rewards may involve monetary 
value, points or even provision of higher QoS in 
future service requests. 

In order to successfully deploy cooperative 
schemes in wireless networks, new network 
architectures have to be developed. Valavanis et 
al. (Valavanis, Ververidis, Vazirgianis, Polyzos & 
Norvag, 2003) describe a hybrid (e.g. between ad- 
hoc and infrastructure-based) architecture called 
MobiShare, that enables mobile devices to share 
their data encapsulated in services. Two approach¬ 
es of network architectures may be considered so 
that cooperation among nodes can be established 
(Scaglione, Goeckel & Laneman, 2006): 

• In the centralized architecture coopera¬ 
tive transmission is centrally activated and 
controlled by cluster access points (APs). 
All term in als communicate through a 
cluster AP, which handles routing to other 
clusters. 

• In the decentralized architecture random 
cooperative clusters are formed. A random 
source transfers extra control information 
and li nk parameters in the message. The 
nodes can then infer their transmission 
schedule according to this information. 
They may be ignorant of the codes chosen 
by the other nodes, but the resulting coop¬ 
erative gains are close to those of a central¬ 
ized scenario in which codes are explicitly 
assigned to the nodes. A small cluster of 
nodes can act as a source and recruit addi¬ 
tional nodes to form a larger cluster. 
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Figure 1. User cooperation 


■ ♦ High-speed short-range connections 


* Direct download 



Incentive Mechanisms 

Incentive mechanisms intend to provide a frame¬ 
work that urges players to cooperate for the best 
interest of all participants. In other words, they 
provide a motive so that each individual prefers 
to work along with others, sometimes sacrificing 
their ownresources and sometimes benefiting from 
the resources of others. Two types of incentive 
mechanism s are distinguished: 

• Credit based systems 

• Reputation based systems 

Chakravorty (Chakravorty, Baneijee, Agarwal 
& Pratt, 2003) developed a Mobile Bazaar (MoB) 
framework to allow collaborative networking 


between users based on incentives. MoB is an 
open market architecture which uses a payment 
system to manage resource trades and where 
mobile users opportunistically and flexibly trade 
various services. However, MoB supports only 
a single device per user since its main focus is 
on a user having only one device and getting all 
service through this device. 

In some occasions some nodes may refuse to 
forward packets in order to conserve their limited 
resources (.e.g., energy), resulting in traffic disrup¬ 
tion. Nodes exhibiting such behaviour are termed 
selfish. The basic idea for node punishment is that 
nodes should be rewarded or penalized based on 
their behaviour. Nodes that offer resources should 
be aided. On the other hand, selfish nodes should 
be gradually isolated from the network. This is 
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bound to happen if nearby nodes refuse to forward 
packets deriving from the selfish ones. In addition, 
some systems may punish misbehaving nodes 
by isolating them from the network for a certain 
period of time in order to provide an incentive for 
users to cooperate. 

A significant problem arising when dealing 
with node behavior issues is that sometimes, due 
to packet collisions and interference, cooperative 
nodes will be perceived as being selfish, which 
will trigger a retaliation situation. Such poor judg¬ 
ment may lead nodes to stop cooperating and thus 
degrade the overall network performance. In other 
words, disadvantaged nodes that are inherently 
selfish due to their precarious energy conditions 
shouldn’t be excluded from the network using the 
same basis as for malicious nodes. Furthermore, 
users on the outskirts of a network are found at 
a disadvantage unrelated to their willingness to 
participate. Those users will not have as much 
traffic routed through them due to their location 
and furthermore will have lower congestion prices 
because of that. They will thus earn significantly 
less than a centralized node and be penalized for 
it resulting in low QoS 

In several cases incentive mechanisms are 
required not only to motivate the user to cooper¬ 
ate but also to discourage him from cheating. For 
example, malicious users may refuse to pay. To 
this end, disincentives against cheating may also 
have to be considered. 

Cooperation Based on Credits 

In credit-based systems, the basic idea is to use 
notional credit, monetary or otherwise to pay off 
users for the congestion costs (transmission and 
battery costs) they incur from forwarding packets 
from other users. These credits can then be used 
to forward their own packets through other users, 
resulting in an incentive to act as relay points, 
especially where there is the greatest excess 
demand for traffic since this is when they earn 
the most. Users who do not cooperate will not 


be able to use the network themselves, having 
not earned any credits. Under the general token 
mechanism, a user’s token counter is increased 
when it forwards, and decreased proportionally to 
the number of hops it needs when it sends. This 
inevitably means that a user needs to forward 
more than he sends and also limits the amount of 
information that any user can send at any given 
time, dependent on their store of tokens. 

Zhang (Zhang, fieri & Mandayam, 2008) pro¬ 
poses an incentive mechanism called bandwidth 
exchange, where a node can delegate a portion 
of its bandwidth to another node in exchange for 
relay cooperation. Buttayan and Hubaux (2003), 
as well as Zhong et al. (Zhong, Cheng & Yang, 
2003) have developed pricing-based protocols 
where the amount chargedperpacket is determined 
exogenously and is the same for each node in the 
network. The drawback with the above approaches 
is the assumption of a simplified cha nn el model 
- the energy required to forward a packet is as¬ 
sumed to be constant regardless of trans mi ssion 
distance. Stimulation mechanisms that take into 
account the fading channel have been developed 
during the last years. Results show that in this 
case cooperation is highly dependent on network 
geometry and configuration. 

Incentives to cooperate have been proposed by 
Buttyan and Hubaux (2003) in the form of so-called 
nuglets that serve as a per-hop payment in every 
packet or in the form of counters to encourage 
forwarding. Both nuglets and counters reside in a 
secure module in each node, are incremented when 
nodes forward for others and decremented when 
they send packets for themselves. One of their 
findings is that, given such a module, increased 
cooperation is beneficial not only for the entire 
network but also for individual nodes. 

Shastry and Adve (2006) focus their work on 
stimulating nodes to participate in cooperative di¬ 
versity transmissions in wireless ad hoc networks. 
More specifically, they consider that the source 
and relay may interact through reimbursement 
prices, transmitter power control and forwarding/ 
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protocol preferences such that their utilities are 
maximized. 

Some systems propose using real money as 
credit, either directly or indirectly (to buy virtual 
credit). One problem that must be kept in mind 
is that the introduction of monetary rewards in 
the system may act not only as an incentive for 
collaboration, but also (for a poorly designed 
system) as an incentive for cheating: an adversary 
may attempt to corrupt the routing tables (both his 
own and those of others) in order to gain rewards. 
Such malicious behavior can be avoided by using 
a set of protocols that allow the operator to collect 
information based on which it can decide which 
accounts should be charged and which accounts 
should be credited. Such protocols may (Salem, 
Buttyan, Hubaux & Jakobsson, 2003): 

a. Authenticate the source and the 
destination 

The operator should be able to reliably identify 
the source and the destination of every packet 
received by the base stations in order to know 
which account to charge. 

b. Authenticate the forwarding nodes 

The operator must be able to reliably identify 
the forwarding nodes (both in the initiator and in 
the correspondent routes) during the session setup 
phase, and later verify that this exact set of nodes 
participated in the forwarding of each packet. 

Cooperation Based on Reputation 

In wireless networks, nodes can be thought of as 
members of a community that share a common 
resource. The key to solve problems related to 
node misbehavior derives from the strong bind¬ 
ing between the utilization of a common resource 
and the cooperative behavior of the members of 
the community. Thus, all members of a com¬ 
munity that share resources have to contribute 


to the community life in order to be entitled to 
use those resources. However, the members of a 
community are often unrelated to each other and 
have no information on one another’s behavior. 
Generally, reputation is defined as the amount of 
trust inspired by a particular member of a com¬ 
munity in a specific setting or domain of interest. 
Members that have a good reputation, because 
they helpfully contribute to the community life, 
can use the resources while members with a bad 
reputation, because they refused to cooperate, are 
gradually excluded from the community. Reputa¬ 
tion is formed and updated along time through 
direct observations and through information 
provided by other members of the community. 
Michiardi and Molva (2002) classify reputation 
in three types: 

• Subjective reputation is calculated direct¬ 
ly from a subject’s observation. A subjec¬ 
tive reputation is calculated using a weight¬ 
ed mean of the observations’ rating factors, 
giving more relevance to past observations. 
The reason why more relevance is given to 
past observations is that a sporadic misbe¬ 
havior in recent observations should have a 
minimal influence on the evaluation of the 
final reputation value: as a result, it is pos¬ 
sible to avoid false detections due to link 
breaks and to take into account the possi¬ 
bility of a localized misbehavior caused by 
disadvantaged nodes. 

• Indirect reputation adds the information 
provided by other members of the commu¬ 
nity to the final value given to the reputa¬ 
tion of a subject. 

• Functional reputation allows for the pos¬ 
sibility to calculate a global value of a sub¬ 
ject’s reputation that takes into account dif¬ 
ferent observation/evaluation criteria. 

Each type of reputation is obtained as a combi¬ 
nation of different observations made by a subject 
over another subject with respect to a defined 
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function. Furthermore, the above types of reputa¬ 
tion information can be combined. When a node 
detects uncooperative behavior it disseminates 
this observation to other nodes which take action 
to avoid being affected by the node in question 
by changing traffic routes. 

However, as with the token-based incentives 
system, trust management systems are subject to 
some significant problems. The first problem is 
that they take up considerable resources due to 
the constant transmission of observation data, 
which serves no purpose other than to monitor 
node behavior. This spends valuable bandwidth 
and battery power that could be used to send ac¬ 
tual data. Trust management systems also suffer 
from vulnerabilities due to exchanging second 
hand information. Nodes may falsely accuse other 
nodes of misbehaving or collude with each other 
to cheat other users on the network. 

Cooperative Relays and Diversity 

Relay channels provide the fundamental concept 
of cooperative diversity. Cooperative relaying is 
a significant means to meet the demanding re¬ 
quirements of next generation wireless networks 
in terms of system coverage and capacity. The 
vision of providing coverage in cellular systems 
at reasonable cost by using mobile terminals as 
relay stations has recently led to tremendous re¬ 
search efforts and emerges as a valuable option 
for future generations ofwireless networks. Radio 
Relays through Cooperative Diversity techniques 
create a virtual antenna array, or a multiple-input, 
multiple-output (MIMO) system (Tse & Viswa- 
nath, 2005). 

While conventional relaying systems employ 
relays as pure forwarders that operate in a relay 
chain, it is the objective of cooperative relaying 
to go one step further. The idea is to exploit two 
fundamental features of the wireless medium: its 
broadcastnature, and its ability to achieve diversity 
through providing independent channels. While 


the broadcast nature is frequently considered to 
be a drawback as it leads to mutual interferences 
in a wireless network, the concepts of coopera¬ 
tive relaying aim at benefiting from the fact that a 
signal, once transmitted, can be received and use¬ 
fully forwarded by multiple terminals. Moreover, 
by using truly intermediate relay stations one can 
benefit from a reduction of the end-to-end path 
loss. Relay cooperation has been recognized as 
an important mechanism to enhance connectivity 
and throughput in multi-hop wireless networks, 
especially under varying channel conditions. One 
major problem of relay cooperation is that relaying 
always incurs energy and possibly delay costs. To 
a rational and selfish node these costs are worth 
incurring only if it receives at least comparable 
returns in the long term. 

The cooperative relay technique can further 
enhance the performance of are lay-based network 
by employing the antennas of different relay sta¬ 
tions as a part of an antenna array, and applying the 
multi-antenna techniques among several relays. 
Coordinating the transmitted signals properly, the 
li nk quality, data rate and coverage of the relay- 
based system can be greatly improved. Here we 
are going to present the basics of cooperative 
relays. 

We consider the fundamental cooperative 
scenario (Cover & Gamal, 1979; Zheng &Tse, 
2003) as depicted in Figure 2, which include a 
single relay and where all nodes feature a single 
antenna. There can be developed various lower 
bounds based on the capacity (Laneman, Tse & 
Womell, 2004), by employing three different cod¬ 
ing schemes (Boyer, Falconer & Yanikomeroglu, 
2004; Laneman et al., 2004) 

a. Facilitation : in which the relay does not 
have an active role but eases the source by 
causing as little interference as possible, 

b. Cooperation : in whichtherelayfully decodes 
the source message and retransmits, jointly 
with the data transmitted by the source, 
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Figure 2. The fundamental cooperative radio relaying scenario 



c. Observation, in which the radio relay encodes 

a quantized version of its received signal. 

According to their forwarding strategy, the 
cooperative protocols can be categorized as (Zim- 
mermann, Herhold & Fettweis, 2005): 

a. Amplify and Forward, where the relay acts 
as an analogue repeater (transparent repeater, 
bent-pipe system), 

b. Decode and Forward, where the relay 
fully decodes, encodes and retransmits the 
received signal (regenerative), 

c. Decode andRe-encode, where the relay fully 
decodes the received message, but constructs 
a codeword that is different from the source 
codeword. 

The transmission schemes based on protocol 
nature are further classified (Zimmermann et al., 
2005): 

a. Fixed protocols, where the relay always 
forwards a processed version of the received 
message, 

b. Adaptive protocols, where the relay uses a 
threshold rule to make a decision autono¬ 
mously, whether to forward or not and 

c. Feedback protocols, where the relay has an 
assistant role on the transmission only when 
the destination requires extra information. 


As a further classification, relays in non- 
regenerative systems can be categorized into 
(Hasna & Alouini, 2004): a) channel state infor¬ 
mation assisted relays, and b) blind relays. Non- 
regenerative systems with CSI assisted relays use 
instantaneous CSI of the first hop to control the 
gain introduced by the relay. 

In the destination node of the simple coopera¬ 
tive relay of Figure 2, there may be various diver¬ 
sity combining techniques that can be employed 
and these are distinguished: 

a. Selection Combining (SC), from the two re¬ 
ceived signals (from the relay and the direct 
link), the strongest signal is selected (or the 
one with the minimum attenuation), 

b. Switched combining, where the receiver 
switches to another signal when the current 
SNR falls below a predefined threshold. This 
is a less efficient technique than selection 
combining, 

c. Equal Gain Combining (EGC), where all 
the received signal are added coherently, 

d. Maximal Ratio Combing (MRC), where the 
received signals are weighted with respect 
to their SNR and then summed. 

There are many papers in the literature that are 
dealing with the performance of the cooperative 
relays under various fading cha nn els (Safari & 
Uysal, 2008). Here we are going to present simply 
how the outage probability of an MRC and a SC 
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receiver at the destination can be calculated. The 
source node S communicates with the destination 
node D through two different routes. The first 
signal is directly transmitted by the node S to the 
node D and the second signal is transmitted by the 
node S to the node D through the relay node R 
(dual-hop transmission). These two signal paths 
form two diversity branches which are combined 
by the node D using coherent combining to form 
the final received signal. The received Carrier- 
to-Noise (CNR) of link j = 1,2,3 is denoted (in 
linear scale) as CNR . 

The relay R retransmi s sion takes place in 
the form of the Decode-and-Forward technique 
(Regenerative relay) where the received signal 
is regenerated using the full receiver-transmitter 
processing chain containing the sequence of 
demodulation, cha nn el decoding, encoding and 
modulation. Since the Relay Node R is a regen¬ 
erative relay, the outage event of the dual-hop 
transmission is the event where CNR 2 or CNR 3 
or both do not exceed a specified level. Thus, the 
outage event is the event where the minimum of 
CNR 2 and CNR 3 does not exceed a specified 
threshold, meaning that min ( CNR 2 , CNR 3 j char¬ 
acterizes the dual-hop performance. Therefore, 
the dual-hop CNR 23 is given by: 

CNR 23 = min (CNR 2 , CNR 3 ) (4) 

The above final result can also be verified 
in terms of spectral efficiency similarly to the 
methodology in (Boyer et al., 2004): 



where [cj fij = log, (l + CNR. j. 

The destination node D combines the direct- 
link Carrier-to-Noise Ratio CNR, and the dual-hop 
CNR CNR 23 and the total CNR TCNR ( . is pro¬ 
duced. Here, two different combining techniques 
are used: the Selection Combining (SC) and the 


Maximal Ratio Combining (MRC). If the SC tech¬ 
nique is used, the destination node D selects the 
received signal with the greater CNR. Using (4) 
the final CNR TCNR c = TCNR sc is given by: 


TCNR sc 


max (CNR,, CNR^ ■ 


jma x[CNR v CNR 2 ),CNR 2 < CNR, 
[max (CJVR,, CNR ,), CNR, < CNR, 

( 6 ) 


Adopting now MRC technique, node D adds 
the two received signals and using (4) the final 
CNR = ^ MSC is given by: 


CNR mc 


= CNR, + CNR n = 


\CNR } + CNR 2 , CNR 2 < CNR, 
[C/Vff, + CNR,, CNR, < CNR 1 


( 7 ) 


From the above equations (6) and (7), the out¬ 
age probability of the two combining techniques 
can be evaluated, after making some fundamental 
assumption for the fading channels. 

Now we are going to discuss some issues re¬ 
garding the access to the wireless medium of the 
participating nodes. The cooperation is facilitated 
through the use of either Time or Frequency Di¬ 
vision Multiple Access (TDMA or FDMA) or a 
more bandwidth-efficient scheme such as Space 
Division Multiple Access (SDMA, smart anten¬ 
nas). In the TDMA or FDMA scheme, for the 
configuration ofFigure 2, two degrees of freedom 
(DOF) are utilized: in the first time/frequency slot 
the source node S broadcasts a signal to both the 
relay node R and the destination node D, while 
in the second time/frequency slot the relay R 
retransmits the received signal to the destination 
D. In the SDMA scheme, only one DOF is used: 
S transmits and R receives while transmitting the 
previous transmission from S; the destination D 
simultaneously receives the transmission from S 
and the relayed transmission from R (interference 
is avoided through the use of spatial multiplexing 
suchas smart or highly directive antennas). SDMA 
scheme can alternatively be viewed as a pipelin- 
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ing system, which explains the DOF superiority 
over TDMA/FDMA. This multiple access scheme 
has the same spectral efficiency as a direct li nk 
system but is less efficient in terms of energy as 
it consumes more energy per DOF slot. 

The idea of cooperation has also gained interest 
and is utilized to the design of higher layer pro¬ 
tocols e.g. MAC (Zhu & Cao, 2005). Khandani 
(Khandani, Abounadi, Modiano & Zhang, 2003) 
has employed the general concept of cooperation to 
the routing problem of ad hoc networks. Multiple 
nodes are cooperating in sending the information 
to a single receiver node, and they can precisely 
delay their transmitted signal to achieve perfect 
phase synchronization. The problem of finding the 
optimal cooperative route from a source node to a 
destination node can be formulated as a Dynamic 
Programmingproblem. Moreover, anew approach 
to cross layer design of multihop wireless networks 
with cooperative diversity has been proposed and 
succeeds in maximizing the gain in the physical 
layer and hitting off the interactions with higher 
layers (Long & Hossain, 2008). In this paper the 
authors have applied the nonlinear optimization 
techniques to develop the optimization frame¬ 
works. The first framework has to do with joint 
routing and cooperative resource allocation which 
minimizes the total power consumption, while the 
second framework uses congestion control through 
a utility function to break down a balance between 
maximizing the sum rate utility and minimizing 
total cost assumption. 

Cross-Layer Optimization 

Cross-layer optimization determines a general 
concept of useful interactions among different lay¬ 
ers of the protocol stack with a view to improving 
wireless network performance. The parameters 
that should be exchanged among the layers are 
specific figure of merits at each layer, or particular 
information that can be used to estimate other quan¬ 
tities and determine accordingly the cross-layer 
optimization scenario. There are two approaches 


for the evaluation of the cross-layer design (Lin, 
Shroff & Srikant, 2006): the evolutionary approach 
also referred in the literature as layer-related ap¬ 
proach that focuses mainly on the improvement of 
the interoperability among the layers with a view 
to optimizing the overall network performance. 
The second approach is the revolutionary that 
tries to optimize the network performance without 
binding to the general concept layering. There are 
other two design cross-layer approaches taking 
into account the exchange of signalling during the 
operation. These are (Aune, 2004; Giambene & 
Kota, 2006): the implicit cross-layer design, where 
there is no exchange of information among differ¬ 
ent layers during operation, but the design takes 
into consideration all the layer interactions, and 
the explicit cross-layer design, where signalling 
interactions among adjacent ornotprotocol layers 
are employed during the phase of operation. 

For 4G networks, OFDM (Orthogonal Fre¬ 
quency Division Multiplexing) has been chosen 
to become the basic modulation scheme. OFDM 
is a combination of modulation and multiplexing. 
The general concept is to divide the available 
spectrum into several subcarriers. It has been 
shown that OFDM is an effective technique to 
combat frequency selective multipath fading. 
Furthermore, in an OFDM wireless network, 
different subcarriers can be allocated to provide 
a flexible multiuser access scheme and take ad¬ 
vantage multiuser diversity. There are numerous 
papers in the literature that deal with the cross-layer 
optimization of OFDM systems for 4G Wireless 
Communications (Song & Li, 2005). 

APPLICATIONS OF GAME THEORY 
IN WIRELESS NETWORKS 

Background - Fundamentals 
of Game Theory 

A game consists of a principal and a finite set of 
players N = {1,2,...,7V}, each of which selects a 
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strategy s e S. with the objective of maximiz¬ 
ing his utility u .. The utility functions, (s): S—>R 
characterizes eachplayer’s sensitivity to everyone’s 
actions. In non-cooperative games, each player 
selects strategies without coordination with oth¬ 
ers. On the other hand, in a cooperative game, the 
players cooperatively try to come to an agreement, 
and the players have a choice to bargain with each 
other so that they can gain maximum benefit, which 
is higher than what they could have obtained by 
playing the game without cooperation. 

When a player makes a decision, he can use 
either a pure or a mixed strategy. If the actions of 
the player are deterministic, he is said to use a pure 
strategy. If probability distributions are defined to 
describe the actions of the player, a mixed strategy 
is used. The strategy profile s is the vector contain¬ 
ing the strategies of all players: s = (s. ),ze N = (,s’ p 
V • - s N ). 

The equilibrium strategies are those that the 
players pick while trying to maximize their indi¬ 
vidual payoffs. In game theory, the Nash equilibrium 
is a solution concept of a game involving two or 
more players, in which no player has anything to 
gain by changing only his own strategy unilaterally. 
If each player has chosen a strategy and no player 
can benefit further by changing his strategy while 
the other players keep theirs unchanged, then the 
current set of strategy choices and the corresponding 
payoffs constitute a Nash equilibrium (Fudenberg 
& Tirole, 1991; MacKenzie & DaSilva, 2006). 

In wireless networks, the players can be either 
wireless terminals striving for obtaining as much 
possible bandwidth from the share medium; or 
they can be wireless network providers aiming at 
increasing their market share or revenue. It is clear 
that in both cases the actions of one player can affect 
the others, possibly in a negative way. 


tool, we choose to model random access to a com¬ 
munications channel, in this case slotted Aloha 
(MacKenzie & DaSilva, 2006; MacKenzie & 
Wicker, 2001a). Users who wish to trans mi t typi¬ 
cally wish to do so as soon as possible. If multiple 
users try to trans mi t simultaneously, though, all 
accesses fail; in addition, unsuccessful attempts to 
transmit may cost to the network resources. The 
users trying to transmit have conflicting obj ectives. 
In slotted Aloha, time is divided into slots and via 
some method of synchronization, all users are 
presumed to know where the slot boundaries are 
located. When a user wishes to access the shared 
channel the user waits until the next slot bound¬ 
ary and then begins attempting to transmit. If two 
or more users try to transmit in the same slot, the 
users become “backlogged” and must attempt to 
transmit again in a future slot. 

Let G(n) be the game in which there are cur¬ 
rently n users. In each stage of G(n) each of the 
players must decide whether to transmit (T) or 
wait (W). If one player decides to transmit and 
the rest decide to wait, the player who transmits 
will receive a payoff of 1, and each of the other 
(n - 1) players will play G(n-1) in the next period. 
If either no users transmit or more than one user 
transmits, all players will play G(n) again in the 
next period. Players place a lower value on pay¬ 
offs in later stages than on current payoffs. This 
is represented with a per-period discount factor d 
< 1. Let u. n represent user z’s utility from playing 
G(n) and let K be a random variable denoting the 
number of other users who transmit in a given 
slot. We then come up with the following utility 
functions: 


%m= 


P[K = 0 ] 

1 - d ■ P[K > 0 ] : 


«, on= d - p[K = 1] ^ 


Applications of Non- 
Cooperative Games 

Medium Access Control 

As a first example of a situation in which game 
theory is considered as an appropriate analysis 


( 8 ) 

Pricing of Network Resources 

Bennis and Lara (2008) address the problem of 
non-cooperative operators trying to maximize 
their profits by offering extra spectral resources 
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to other operators starving for spectrum in an oli¬ 
gopoly market. The revenue and costs for primary 
operator i are calculated as follows: 

Re v(i) = c } M. 

Cost (q) = c 2 M. B Wf q - a. W> ~ q ‘ (9) 

where c l and c 2 denote the weights for the revenue 
and cost functions respectively, B W eq i denotes the 
bandwidth requirement for a primary operator and 
a . is the spectral efficiency for primary operator i. 
M. is the number of primary connections. Based on 
the aforementioned model, a game can be formu¬ 
lated where the players are the primary operators 
offering spectrum. Their strategy may be the price 
per unit of spectrum p and finally the payoff for 
every operator can be the profit (revenue-costs) 
after the spectrum transaction. The revenue for 
every operator can be calculated as: 

prof ip.) = q.p. + Re v(i) - Cost (q.'j (10) 

where p. denotes the set of prices offered by all 
players in the game and p={p v .. ,,pj is the set 
of prices. The best response function of operator 
i, given a set of prices offered by other primary 
operators p., is B. (p.) = argmax^ {prof.(p .)). 
dProfip) 

Using the equality - ! -= 0 we get the 

dp. 

Nash Equilibrium of the game. 

Access Admission Control 

The basic goal of an Admission Control algorithm 
in cellular networks is to control the admission of 
new sessions within the network with the purpose 
ofmaintaining the load of the network within some 
boundaries. When several radio technologies may 
at the same time meet the services demands, a 
decision is necessary to select the most suitable 
radio access technology on a per user basis. The 


decision about the target network can be based on 
either user or network/operator criteria (Charilas 
et al., 2008; Markaki et al., 2007; Ormond et ah, 
2006;). Admission control takes place each time 
a new session request is received and decides 
whether it should be allocated resources or be 
rejected due to lack of resources. 

Network vs. Network 

In this kind of games the networks constitute the 
players. As individual players in the game, the 
access networks will therefore try to maximize 
their own payoff by choosing the best available 
strategy in a rational manner, meaning that they 
will try to choose the request that best fits their 
characteristics. Such a game may be played in 
rounds. At each round of the game the networks 
should decide which request will maximize their 
payoff and then select it. Once a request is selected 
it is removed from the set of service requests and 
the game is repeated, until all requests have been 
selected (Charilas, Markaki & Tragos, 2008). 
The proposed game is non-zero-sum and non- 
cooperative, since a player is unable to bind and 
enforce agreements with other players. 

User vs. Network 

The main goal of such schemes is to maximize not 
only the QoS offered to customers, but also the 
provider’s gain, therefore balancing the interests 
of both parties (Lin, Chatterjee, Das & Basu, 
2005; Vlacheas, Charilas, Tragos & Markaki, 
2008). It is assumed that each user has a contract 
with a specific service network setting the default 
network choice (“home” network provider); 
nevertheless, if case of insufficient resources, the 
customer is free to pursue higher QoS at another 
network, given that there is some kind of federa¬ 
tion agreement between the visited and the home 
provider as in roaming (possibly under a small 
monetary penalty). 
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Suppose that there are Abusers and M service 
networks, which means that each user at any time 
can choose any network, giving a total of M N 
possible states. Each user-network combination 
is considered as a two-player game G., 1 < j< M. 
The proposed game is non-cooperative because, 
on the one hand, the service providers wish to 
maximize their revenue and, on the other hand, 
the users wish to maximize the quality of service 
received, keeping at the same time the expenses 
as low as possible. Since these two goals are 
obviously contradictory, the players do not have 
the slightest motivation to cooperate. The game 
is also nonzero-sum, since an increase in one 
player’s payoff does not imply a decrease in the 
other player’s payoff. 

The user’s revenue expresses in monetary 
value the quality of service offered to him, tak¬ 
ing into account the cost, and may be modeled as 
R — U ■ q — C, w jj ere jj expresses the customer’s 
utility function, q is a constant factor mapping the 
utility value to monetary value and C is the cost 
of the service from the customer’s point of view 
(Lin et al., 2005; Vlacheas et al., 2008). It is also 
assumed that the provider’s billing scheme takes 
into account the QoS percentage offered to custom¬ 
ers, meaning that the customer pays an amount 
proportional to the level of QoS he receives. 

In bibliography, inmost cases, user satisfaction 
is monitored through utility. For instance, utility 
may be approximated by a sigmoid function as 

U =-——where P b is the packet blocking 

1 + e ’ 

probability and a, b are constants which determine 
the steepness and the center ofthe curve (Lin et ah, 
2005). Exact userutility functions canbe obtained 
through field tests and user surveys. 

As far as the solution ofthe game is concerned, 
two cases are distinguished. Assuming the case 
where the system is not full, the user request 
will be accepted and the probability that a cus¬ 
tomer leaves is near to zero. In this case there is 


a Nash equilibrium, when the service provider 
accepts the request while the user remain s with 
the network provider. Assuming now the case 
where the system is loaded to a certain extent 
or even overloaded, the user request may be not 
accepted and the probability that a customer 
leaves is non zero. Even in this case, there is also 
a pure strategy Nash equilibrium which highly 
depends on the relation between some terms in 
the payoffs. The new request is accepted, if the 
revenue generated from admitting the request is 
greater than the possible revenue loss if the user 
leaves. Otherwise, the network provider is better 
to reject the request. 

Cell Selection 

Cell selection is responsible for guaranteeing 
the required QoS by always keeping the mobile 
camped on a mobile station with good enough 
quality. The goal of cell selection procedures is 
to determine which base station is the optimal 
choice. Lin et al. (Lin, Xinbing, Youyun & Zheng, 
2008) formulate the cell selection problem as the 
two-tier game. In the first tier, i.e., in inter-cell 
game, the mobile stations select the cell accord¬ 
ing to the optimal cell selection strategy derived 
from the expected payoff. In the second tier, i.e., 
in intra-cell game, the mobile stations choose the 
propertime-frequencyresource in the serving cell 
to achieve the highest payoff. 

Applications of Cooperative Games 

Formation of Coalitions 

A cooperative game is a game in which the players 
have the option of planning as a group in advance 
of choosing their actions. Let A = {1, 2, ..., N} 
be a set of n players. Non-empty subsets of A, S, 
T cz N are called a coalition. The coalition form 
of an n -player game is given by the pair (A u), 
where u is the characteristic function. A coalition 
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that includes all of the players is called a grand 
coalition. The characteristic function assigns each 
coalition S its maximum gain, the expected total 
income of the coalition denoted u(S). The core is 
the set of all feasible outcomes that no player or 
coalition can improve upon by acting for them¬ 
selves . The obj ective is to allocate the resources so 
that the total utility of the coalition is maximized. 
In wireless networks the formation of coalitions 
involves the sharing ofcertainresources; however, 
as the costs of such resource sharing outweigh 
the benefits perceived by the nodes, users are 
less likely to participate, compromising overall 
network goals. 

Bargaining 


Kalai-Smorodinsky, utilitarian and modified 
Thomson and each one corresponds to a unique 
point on the Pareto optimal boundary. Yaiche 
et al. (Yaiche, Mazumdar & Rosenberg, 2000) 
consider the Nash bargaining solution for band¬ 
width allocation for elastic traffic in broadband 
networks. Furthermore, Siew-Lee and White 
(2008) propose a cooperative resource bargain¬ 
ing framework among the users and the wireless 
network operator, dividing the problem in two 
subcategories: the symmetric problem (where all 
players have the same bargaining power) and the 
asymmetric problem (where players may submit 
bids to the arbitrator as a form of tactics to alter 
the final result and benefit from the resource 
distribution). 


A very promising element of cooperative game 
theory is bargaining. Approaches to bargaining 
fall into two divisions: strategic and axiom¬ 
atic bargaining. Strategic bargaining, such as the 
Rubin s tein’s model of bargaining, assumes that 
there is a bargaining process where the solution 
is achieved in a series of offers and counteroffers. 
The bargaining solution emerges as the equilibrium 
of a sequential game. The need for a bargaining 
process among the players is time-consuming and 
therefore unsuitable for WCDMA network with 
many users. On the other hand, Axiomatic bargain¬ 
ing ignores the bargaining process and assumes 
some desirable properties about the outcome of 
the bargaining process and then identifies process 
rules or axioms that guarantee this outcome. The 
operator serves as the arbitrator in the cooperative 
resource bargaining game. 

The notion of axiomatic bargaining in coop¬ 
erative game theory provides a good analytical 
framework to derive a desirable operative point 
that is fair and Pareto optimal. An allocation is 
Pareto optimal if there is no wasted utility, i.e. 
it is impossible to make any one party better off 
without making any other worse off. Some very 
well-known bargaining solutions areNash, Raiffa- 


Power Control 


In the power control problem, each user’s utility 
is increasing with his SNIR and decreasing with 
his power level (Goodman & Mandayam, 1999). 
If all other users’ power levels were fixed, then 
increasing one’s power would increase one’s 
SINR. However, when a user raises her transmis¬ 
sion power, this action increases the total system 
as sensed by the other users, driving their SNIRs 
down, inducing them to increase their own power 
levels. MacKenzie and Wicker (2001b) formu¬ 
late a power-control game for a CDMA wireless 
system. Suppose that users transmit information 
at the rate R bits/second in L bit packets over a 
spread-spectrum bandwidth of W( Hz). Let p. be 
the power transmitted by j user; we assume that 
users choose their power levels from the set of 
non-negative real numbers, /?.e[0,co). We can 
then define the signal-to-interference-and noise 
ratio of user j: 


SNIR. = = 


W_ h jPj 
R d h iPi +° 2 


( 11 ) 
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where h is the path gain from user j to the base 
station and o 2 is the power of the backgroundnoise 
at the receiver. We assume that the background 
noise is additive white Gaussian noise (AWGN). 
Given these preliminaries, the utility function of 
user j (measured in bits/J) is expressed by 

u ]{PjAj) = y ( ! - 2 ' BER (lj)) ( 12 ) 

where BER(y\) is the bit error rate achieved by a 
given transmission scheme. If the user’s trans¬ 
mit power is too high, precious battery power is 
squandered while having little impact on the bit 
error rate. The users will attempt to make the best 
possible choices, taking into account that the other 
users are doing the same thing. Another funda¬ 
mental assumption is that the users have complete 
information about each other and that behave 
completely rationally. Then, according to game 
theory, the users will choose an operating point 
which is a Nash Equilibrium. Two new types of 
games maybe introduced, according to MacKenzie 
and Wicker (2001 b): the refereed and the repeated 
power control games. Gunturi and Paganini (2003) 
form a similar power control game, which is then 
expanded to a multi-cell case. 

Spectrum Allocation 

The spectrum sharing problem addresses the issue 
of how to allocate the limited available spectrum 
among multiple wireless devices. This problem has 
two important goals: efficiency and fairness. The 
allocation of spectrum should utilize as much of 
the resource as possible. However, when utilization 
is maximized, fairness should be compromised. A 
cooperative game for distributed spectrum sharing 
is discussed in the work of Suris (Suris, DaSilva, 
Han & MacKenzie, 2007). According to this ap¬ 
proach, the available bandwidth is divided equally 
into multiple channels. Each node can transmit in 
any combination of channels at any time and can 
set it’s transmit power on each channel. Receiver 


nodes are not considered game players, since they 
do not transmit. 

Routing 

In the routing problem, the source and the desti¬ 
nation nodes can be viewed as the players of the 
game. The action set available to each player is 
the set of all possible paths from the source to 
the destination. In wireless ad hoc networks, for 
example, nodes communicate with far off desti¬ 
nations using intermediate nodes as relays. Since 
wireless nodes are energy constrained, it may not 
be in the best interest of a node to always accept 
relay requests. On the other hand, if all nodes 
decide not to expend energy in relaying, then 
network throughput will drop away dramatically. 
For this reason, ad hoc and peer-to-peer networks 
sometimes operate as voluntary resource sharing 
networks, relying on users’ willingness to spend 
their own resources for the common good (DaSilva 
& Srivastava, 2004). The utility function of such 
a game may be modeled as 

U.(s) = a.(s) + $.(s) (13) 

where a .(s) = a . ^ s. I is the benefit accrued 

[ieN,i* j ) 

by auser from others’ sharing oftheir resources and 
(3. (s) = (3. (s.) is the benefit (or cost) accrued by 
sharing one’s own resources with others, .s' being 
the joint action taken by all players (s=0 stands 
for sharing, and s=l for not sharing). The latter 
may be negative, since there may be a cost to par¬ 
ticipating in the network (such as faster depletion 
of a node’s energy resources) or positive, if there 
exist financial incentives for participation or if the 
user derives satisfaction in doing so. 
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Resource Allocation in Shared 
Network Infrastructures 

The high cost associated with the rollout of 3G 
services encourages operators to share network 
infrastructure. Operators are attracted to share 
network resources because of the lower expenses 
in infrastructure establishment, as well as reduced 
operation and maintenance expenses. Besides, 
operators can increase coverage by sharing or 
having complementary, geographically sepa¬ 
rated sites, especially in low-density suburban 
and rural areas where it is more cost-effective 
to share. Siew-Lee & White (2008) divide the 
resource allocation problem in a shared network 
into two sub-problems: a) resource sharing among 
the network operators, i.e. the co-owners of the 
network and b) resource bargaining among the 
users and Mobile Virtual Network Operators 
(MVNOs) of each network operator. For the latter 
case, the authors distinguish the symmetric and 
asymmetric bargaining games. According to this 
approach, for the case of WCDMA systems, the 
utility function of each player can be modeled, 
as the load factor assigned to him either for the 
uplink or downlink. An extended analysis is also 
provided for the comparison of Nash and Raiffa 
solutions, showing that the Raiffa solution takes 
into account the impact one’s gain has over the 
loss of others, therefore providing fairer results. 

FUTURE RESEARCH DIRECTIONS 

Game-theoretic frameworks for wireless resource 
allocation are constantly being developed, explor- 
ingnew aspects and cooperation trends. Neverthe¬ 
less, cooperation cannotbe taken for granted; even 
though in most cases players do obtain the optimal 
result by sharing resources with others, in certain 
cases it is not clear enough for them why they 
should not act selfishly or even not try to cheat. 
This assumption creates the need for more and 
more complex incentive mechanisms, which will 


encourage players to act in a cooperative manner. 
Such mechanisms are a valuable tool for making 
4G networks work more efficiently, as the latter 
provide more opportunities for cooperation than 
traditional networks. 

A fundamental description of how the authors 
envision future cooperative services and hybrid 
networks has been included in the chapter as well. 
It is expected that research will focus towards that 
direction in the near future, since next generation 
networks will offer unlimited interaction possibili¬ 
ties and thus the framework of this new reality 
needs to be defined in terms of communication 
protocols, security guarantees, incentives, pricing 
mechanisms etc. Once new hybrid network archi¬ 
tectures have emerged, emphasis should be placed 
on how cooperative services can be implemented 
over such infrastructure. 

Concerning the issue of network selection, the 
authors envision highly dynamic schemes that ex¬ 
ploit efficiently the tools described in this chapter. 
Of particular interest would be the integration of 
prediction algorithms that will provide accurate 
estimations of the QoS level a user is expected to 
receive. Using Fuzzy Logic, one could also devise 
a set of IF -THEN rules based on certain QoS merits 
and weights, enabling the construction of a Fuzzy 
Inference System (FIS) that tailors membership 
functions to cell performance. Adaptive Fuzzy 
Inference Systems (ANFIS) may also be used 
in this context to provide self-learning decision 
systems and thus such frameworks should be 
further investigated. 

CONCLUSION 

The main goal of this chapter was to collect trends 
on efficient resource allocation through coopera¬ 
tion among entities in a wireless heterogeneous 
environment and selection of the best solution 
among a set of alternatives. In the first section, 
we presented the problem of network selection, 
including most common metrics and selection 
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tools from other scientific fields that can be applied 
with success. In the second section, we described 
the basic trends and ideas on user cooperation in 
future networks, emphasizing on cooperation on 
both physical and application layers. In the third 
section, we briefly demonstrate how game theory 
can be applied to wireless networking. Using 
simple examples, we have shown how to capture 
wireless networking problems in corresponding 
games. 
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ABSTRACT 

Admission control is one of the key elements for ensuring the quality of service (QoS) in modem mobile 
wireless networks. Since such networks are resource constrained, supporting multimedia traffic guar¬ 
anteeing its QoS levels is excessively challenging for call admission control (CAC) design. CAC is the 
most important radio resource management (RRM) function in wireless networks as its efficiency has 
a direct impact on network performance and QoS provision to end users. The goal of this chapter is to 
provide a thorough study of the basic concepts considering CAC design and a comprehensive analysis 
of the fundamental CAC schemes employed in wireless networks. The basic performance criterion 
considering CAC schemes is the probability of denying the access to the network for an arriving call, 
which is extensively studied in this chapter. Moreover, additional performance criteria are presented and 
discussed, which may help to provide an overall efficiency estimation of the available CAC schemes. 


INTRODUCTION 

Quality of Service (QoS) provision in wireless 
networks is closely related to the exploitation of 
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network available resources and the maximization 
of the number of users. The increasing demand 
for multimedia services combined with the limited 
resources of wireless networks urge for efficient 
admission control schemes that achieve a compe- 
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tent resource management along with appropriate 
QoS levels for end users. Call Admission Control 
(CAC) algorithms are employed to ensure that the 
ad mi ssion of a new call into a resource limited 
network does not violate the Service Level Agree¬ 
ments (SLAs) concerning ongoing calls. Any 
service session supported by the network can be 
considered as call. An efficient ad mi ssion control 
policy should accomplish the following: 

• establish a robust priority assigning mecha¬ 
nism for handoff calls and different Service 
Class (SC) calls, 

• exhibit a low Call Blocking Probability 
(CBP), 

• manage a fair resource allocation, 

• achieve a high network throughput and 

• avoid congestion. 

CAC schemes for wireless networks have 
been widely studied under different network 
architectures and network administrator policies. 
To apply a specific call admission policy, the vari¬ 
ous call types are classified into SCs with precise 
characteristics and QoS demands. Each SC call 
is treated differently depending on the criteria set 
according to the operating principles adopted for 
the admission procedure. The majority of CAC 
schemes base their admission criteria on an ef¬ 
ficient resource management, accounted for either 
in terms of channels or of bandwidth units. The 
methods proposed usually set thresholds related to 
the desirable QoS for high priority SCs andhandoff 
calls. The last trend in such schemes proposes the 
use of adjustable admission probabilities for low 
priority SC calls combined with thresholds for the 
dynamic handling of the input traffic. 

Other CAC schemes examine Signal to Noise 
Ratio (SNR) levels to determine an admission 
criterion satisfying the QoS demands of end us¬ 
ers. Such schemes have to deal with propagation 
and mobility issues. Under high traffic network 
conditions, an efficiency enhancing module may 
be incorporated into the CAC schemes employed 


renegotiating the resource allocation of ongoing 
calls. Through QoS re-negotiation and resource 
re-allocation, available resources can be retrieved 
to serve ahigh priority SC call request. The admis¬ 
sion decision may also be controlled according to 
dynamic changes in call pricing, providing at the 
same time a stream flow management. 

Finally, a critical issue in ad mi ssion control 
is the performance evaluation of the proposed 
schemes to assess the provided QoS. The evalu¬ 
ation is performed under appropriate criteria. The 
metric studiedmostinthe literature is CBR Assign¬ 
ing priorities to certain call types causes a serious 
side effect, as certain SCs may monopolize the 
network resources leading to an unfair treatment 
of lowpriority SC calls. Thus, in shared resources 
networks, fairness among users of the same SC 
subj ected to different channel conditions with dif¬ 
ferent mobility characteristics and among users of 
different SCs should be investigated employing 
appropriate metrics. Acall admission request rep¬ 
resents potential revenue for the network operator. 
Thus, CAC schemes should be further evaluated 
employing performance metrics based on optimal 
pricing to maximize revenues. The above criteria 
constitute a thorough performance evaluation 
of admission control policies providing QoS in 
wireless multiservice networks. 


BACKGROUND 

One of the most fundamental objectives of the 
information society is the widespread imple¬ 
mentation of communication and information 
technologies offering both opportunities and 
challenges to all users. Communication services 
may be offered to users either through a wired 
or a wireless infrastructure. Compared to wired 
networks, the superiority of wireless networks 
with regards to ease of installation and flexibility 
is evident. Wireless networks offer low installation 
cost combined with the advantage of overcom¬ 
ing even the most unfavorable geographic and 
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climatic conditions of the region. On the contrary, 
wireless networks compared to wired ones suffer 
from lower bandwidth, higher delays and higher 
bit errorrate. These limitations accompanied with 
the confined frequency range available for com¬ 
munication purposes result in a hard constrained 
network in terms of capability and attainable re¬ 
sources . Thus, providing Qo S over such a network 
is quite challenging and complicated procedure 
for wireless networks. 

The present telecommunication environment 
is an amalgamation of a large number of networks 
and administrative domains employing various 
access technologies. Considering this status 
combined with the increased user mobility makes 
it difficult to promise the same grade of service 
quality at all parts of the network. The problem 
of providing an adequate QoS level to end users 
becomes even more difficult when new traffic 
types, real-time (RT) and non-real-time (NRT) are 
entering into the wireless network list of services. 
In particular, in addition to requirements of tradi¬ 
tional applications, such as email, web browsing, 
file transfer and instant messaging, new services 
introduced the recent years such as multimedia 
applications, video conferencing and voice over IP 
(VoIP) demand higher bandwidth, smaller delays 
and session continuity. As users are sensitive to 
the variance of network parameters, mainly to 
throughput and bit-error rate, maintaining them 
at a fixed level is extremely hard, especially for 
those characterized by high mobility. 

Although QoS term is one of the most signifi¬ 
cant considering communication networks, there 
is no universal or common recognized definition 
of QoS. However, there are several definitions 
according to the communication level where the 
notion originated. Each one is based on the net¬ 
work layer characteristics considered. Thus, each 
technical community may perceive and interpret 
QoS in different ways, corresponding to various 
meanings and perspectives. Generally, QoS refers 
to a broad collection of networking mechanisms 
and techniques, the goal of which are to provide 


guarantees on the ability of the network to main¬ 
tain acceptable and sustainable application levels. 
Concerning standard communication networks 
offering telephony services QoS was defined 
by ITU in standard X.902 as “A set of quality 
requirements on the collective behavior of one 
or more objects.” (ITU-D, 2008). These objects 
correspond to all system parameters; therefore, 
this definition is too general to be helpful in 
system analysis. In the fields of ATM networks 
the Internet Engineering Task Force has defined 
QoS in RFC 1946 (1996): “As the demand for 
networked real time services grows, so does the 
need for shared networks to provide deterministic 
delivery services. Such deterministic delivery 
services demand that both the source application 
and the network infrastructure have the capabilities 
to request, setup, and enforce the delivery of the 
data. Collectively these services are referred to 
as bandwidth reservation and Quality of Service 
(QoS)”. 

Generally, it is more difficult to provide an 
acceptable QoS level to RT services rather than to 
NRT services, as the first need improved network 
performance compared to the latter. Moreover, 
multimedia traffic is more demanding as to stan¬ 
dard communication services. Thus, considering 
both characteristics a more general definition of 
QoS is given as “The set of those quantitative and 
qualitative characteristics of a distributed multi- 
media system necessary to achieve the required 
functionality of an application.” (Vogel, Kerherve, 
von Bochmann, & Gecsei, 1995). In this chapter 
QoS will be considered as a defined measure of 
performance in a wireless network. The specific 
network characteristic which will be mostly ex¬ 
amined in this chapter is the availability of the 
system to serve a new or ongoing service request 
and will be defined in a subsequent section. 

Apart from the QoS definition used in each 
analysis or system deployment, the main issue 
addressed is the way that QoS is conceived by 
either the network or the users. Therefore, Qo S can 
be determined by the way that data are presented 
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to end users and users satisfaction. To assess QoS 
offered by a system, anumber of systemparameters 
are examined. These parameters can be a subset 
of some system performance characteristics such 
as bandwidth/throughput, transit delay, error rate, 
outage probability, blocking and dropping prob¬ 
ability, response time, availability (uptime), etc. 
Every parameter can range over a given set of 
values, each of which is related to a specific QoS 
level for the corresponding service offered. In a 
multiservice system, different services demand 
also different values for the relevant subset of 
QoS parameters. 


QUALITY OF SERVICE IN 
ADMISSION CONTROL 

Necessity for Radio 
Resource Management 

The rapid increase of wireless communication 
networks users, combined with the demand for 
new multimedia services and the need for high 
speed communications are in contrast to the 
scarce spectrum resources allocated for wireless 
systems in international organizations. Thus, an 
efficient radio resource management (RRM) is of 
paramount importance, to allocate the available 
resources among contenting users in compli¬ 
ance with their needs and respective priorities, 
offering them the required QoS. In particular, 
RRM functionality is aimed to improve system 
performance by maximizing the overall system 
capacity in the wireless network maintaining at the 
same time the QoS of mobile user traffic. System 
capacity can be defined as the maximum traffic 
load that a system can accommodate, under the 
constraint that QoS is above a given level, and 
can be measured in bit/s/Hz/base station (BS) or 
Erlang/MHz/site. The conditions that limit the 
capacity of a wireless network are associated with 
the QoS requirements (such as latency, call dura¬ 
tion, mi nimum acceptable throughput, etc.), the 


channel characteristics which can be further ana¬ 
lyzed into acceptable noise levels and co-channel 
interference, the power control operation which is 
subjected to electromagnetic compatibility issues 
and the mobility characteristics of end users. 

RRM can be thought as a set of mechanisms 
and techniques that control the usage of the limited 
radio resources, managing and allocating radio 
resource units (RRU) to call requests. Different 
de fin itions can be given to RRU according to 
the multiple access scheme implemented. Thus, 
in frequency division multiple access (FDMA) 
systems RRU is denoted by a certain bandwidth 
with a given carrier frequency, in time division 
multiple access (TDMA) schemes RRU is speci¬ 
fied by a pair of frequency and time slot and in 
code division multiple access (CDMA) schemes 
RRU is defined by a pair of code sequence and 
power level. The basic RRM components can be 
classified, upon the system characteristics which 
are based on, into three main groups as follows 
(Ahmed, 2005). The mechanisms included into 
first group are driven by the physical characteris¬ 
tics of the channel and enclose frequency or time 
resource allocation schemes, such as load control, 
cha nn el allocation and reservation, trans mi ssion 
rate control and packet scheduling. The techniques 
comprised into the second group are based on the 
adjustment of the transmitter power, either on the 
BS or the terminal. This technique is commonly 
referred as power control mechanism and it is 
subject to limitations considering inter- and intra¬ 
system interference and regulations concerning 
EMC standardization. The third group includes 
efficient network management schemes such as 
routing, call admission control (CAC), conges¬ 
tion control (CC), mobility management, handoff 
algorithms and BS assignment functions. 

Operating Principles for 
Admission Control 

An essential RRM mechanism fundamental for 
QoS provision used in wireless networks is CAC. 
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CAC algorithms are employed to ensure that the 
admittance of a new call into a resource constrained 
network does not violate the SLAs guaranteed by 
the network to ongoing users. When deciding to 
admit a new call into the network, there are many 
contradictory factors to be taken into consider¬ 
ation, such as resource usage optimization, revenue 
maximization, fairness provision, etc (Stratogi- 
annis, Tsiropoulos, & Cottis, 2008). Thus, CAC 
constitutes a mechanism which is used to limit the 
number of call connections into the network as 
to provide different priorities among users with 
different QoS characteristics, increase network 
utilization and prevent congestion. Hence, when 
a call request from a mobile user arises, it may be 
either accepted or blocked. The latter is commonly 
known as call blocking. The corresponding prob¬ 
ability, which is defined as the probability that a 
new call request is being denied service by the 
network, is called call blocking probability (CBP) 
and it is subjected to the decision taking part of 
CAC scheme employed. Evidently, an efficient 
CAC policy should achieve low CBP. 

CAC is difficult to be implemented in practice, 
since the traffic flows in communication networks 
are inherently chaotic or “bursty” and traffic bursts 
are almost impossible to predict. Considering 
wireless networks, CAC schemes become more 
complicated, because of users mobility and vari¬ 
able link quality. In particular, an accepted call 
in a certain cell may have to be handed off to a 
neighboring cell owing to user mobility. The main 
consideration in handoff procedure it to maintain 
the continuity of the call while at the same time of¬ 
fering at least the minimum acceptable QoS level. 
During an ongoing call a mobile user may cross 
several cell boundaries; therefore, it may require 
a corresponding number of successful handoffs. 
According to this process, the new cell may not 
have any available resources to serve the handoff 
call, resulting in handoff failure, commonly known 
as call dropping. In literature, the probability of an 
ongoing call to be forced-terminated is defined as 
call dropping probability (CDP). It is widely ac¬ 


cepted that users are more sensitive to CDP than to 
CBP, as dropping an ongoing call is annoying for 
end users; consequently, efficient CAC schemes 
should keep CDP as low as possible. A simple 
way to reduce CDP is to assign higher priorities 
to handoff calls compared to new ones. Therefore, 
the admission criteria for new and handoff calls 
are different. 

Since CAC schemes operation is real-time, 
the CAC scheme algorithm used should be com¬ 
putationally quick. Moreover, the exact situation 
considering the available resources of the B S con¬ 
troller should be available for the CAC algorithm 
input data. The design and implementation of a 
CAC scheme should be performed very care¬ 
fully as to minimize the false rejections and false 
admissions. As false rejection can be considered 
any call that can be rejected, even though there 
exist enough resources in the network to serve 
it. In this case, network resource optimization is 
not achieved, capacity is wasted and operator’s 
revenue is not maximized. On the other hand, 
false admissions occur when a call request is ac¬ 
cepted, albeit available resources are exhausted. 
In this case, the QoS level in not guaranteed and 
CDP is increased, resulting in degradation of us¬ 
ers satisfaction. 

Classification of Service Classes 

Former generation wireless networks employed 
simple traffic shaping schemes, as all traffic was 
shaped uniformly by rate. This model was realistic 
since mostly one service (voice calls) was offered. 
In the view of modem wireless networks which 
offer a variety of services to end users, incoming 
traffic should be classified into different traffic 
types. Each traffic type is called service class 
(SC) and the procedure followed to determine in 
which SC a new call request falls into is called 
classification. Every SC has its own QoS char¬ 
acteristics, e.g. bitrate, packet delay, duration 
etc. Thus, each SC should be treated differently 
to differentiate the service implied for the user. 
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Although control mechanisms are more complex 
due to multiple SCs supported by the network, 
such networks are more flexible in resource al¬ 
location management and QoS provision. One 
of the main advantages of this policy, apart from 
different QoS characteristics for each SC, is the 
different priority levels applied among the SCs 
supported. This SC prioritization is usually based 
on QoS requirements, the pricing policy followed 
by the administrator and the SLAs with the users. 
This differentiation among incoming calls can 
be utilized by a network operator to treat differ¬ 
ent SC calls differently considering bandwidth 
allocation, admission decision process, pricing 
policy applied, etc. 

A common classification mainly applied on 
wireless networks implies the differentiation 
among incoming calls into two general SCs, RT 
and NRT (Tsiropoulos, Stratogiannis, Kanel- 
lopoulos, & Cottis, 2008). This classification is 
primarily based on latency characteristic of each 
call. Generally, there is a deadline before a data 
packet should be delivered to its destination. If 
this requirement is strict or lenient for a given 
call then the call is characterized as RT or NRT 
call, respectively. In modem wireless networks 
supporting multimedia traffic a broader call 
classification is required. Apart from taking into 
consideration the latency parameter of each call, 
additional QoS requirements are considered such 
as bandwidth demand and call duration. Therefore, 
calls are categorized into multiple SCs (Tragos, 
Tsiropoulos, Karetsos, & Kyriazakos, 2008) 
such as voice, messaging, internet browsing, file 
transfer, teleconference etc. 


CAC SCHEMES PROVIDING QOS 

CAC Schemes Criteria 

The basic operation of CAC schemes is to decide 
whether a call is accepted by the network or not. 
This decision is based on several criteria which are 


related to the specific QoS characteristics of the 
call request and the network parameters. Although 
QoS characteristics of the call are predetermined, 
the network parameters are variable and change¬ 
able in time. Thus, the CAC scheme employed 
should assure that QoS characteristics of ongoing 
calls will not be violated throughout their total 
duration. The most common criteria used in CAC 
schemes are listed below (Figure 1). 

• Network load/resources: The limited net¬ 
work resources constitute the most es¬ 
sential factor in CAC design. Thus, CAC 
schemes based on this criterion should 
know the available resources in each cell 
before the decision is taken. In this case, the 
network load after the admission of the call 
request is computed; if the predicted net¬ 
work load remains under a given threshold 
the call request can be admitted, otherwise 
it is blocked. As handoff calls are treated 
differently by most CAC schemes, a set of 
channels may be reserved by each cell for 
handoff calls. Therefore the admission of a 
new call request is stricter, as the threshold 
employed in CAC scheme is lower, com¬ 
pared to the admission of handoff calls. 
These CAC schemes are known widely as 
Guard Channels (GC) schemes (Fang & 
Zhang, 2002). 

• Connection/link quality: As BS and user 
terminals use the air interface as common 
medium for transmitting communication 
signals; link quality is an essential param¬ 
eter in interference-limited wireless net¬ 
works. Link quality refers to the quality 
of the radio link between the user terminal 
and the BS. To quantify this parameter, the 
signal strength received in mobile terminal 
and the interference caused to this link by 
other mobile terminals in the correspond¬ 
ing area is employed. Thus, CAC schemes 
admit a new call request, if they can main¬ 
tain link quality for admitted calls over a 
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Figure 1. The main criteria of wireless networks which are employed in CAC schemes 



certain level. Otherwise, if the admission 
of the new call will result in a decrement 
of the links quality under a certain level, 
the call is rejected. CAC schemes based on 
li nk quality usually employ the signal to in¬ 
terference ratio (SIR) or the signal to noise 
plus interference ratio (SNIR) as an admis¬ 
sion criterion, therefore, they are called in 
literature SIR/SNIR-based schemes (Liu & 
Zarki, 1994). 

User QoS requirements/call context: As 
users may request for services with differ¬ 
ent QoS parameters such as mean through¬ 
put, mean delay, bit error rate (BER) and 
bandwidth demands, the call requests are 
classified into different SCs. For each SC 
call request different admission criteria can 
be employed taking into consideration the 
specific QoS constraints of each SC and the 
available network resources. Thus, CAC 
schemes can be classified upon the number 


of SCs supported. Single SC CAC schemes 
constituted a simple and appropriate model 
for first and second generation (2G) wire¬ 
less networks, as they were mainly based 
on voice service. The growing need for 
new services combined with the diffusion 
of new technologies, such as 2.5, 3G net¬ 
works and also next generation networks 
(NGN), indicated the need for systems to 
support multiple SCs with multimedia traf¬ 
fic and enhanced QoS characteristics. Thus, 
advanced CAC schemes supporting multi¬ 
ple SCs were introduced during the last de¬ 
cade, categorizing stream flows and call re¬ 
quests into different types according to their 
QoS characteristics (Tragos, Tsiropoulos, 
Karetsos, & Kyriazakos, 2008). Multiple 
SC CAC design is more challenging since 
different CAC criteria are employed for 
the SCs supported, resulting to high com- 
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plexity and difficulties considering the im¬ 
plementation in practice. 

• Call priority/SC prioritization: The latter 
CAC criterion is strictly related to SC pri¬ 
oritization. Assigning certain SCs higher 
priority over the rest is a common technique 
in multiple SC CAC schemes. In particu¬ 
lar, it is widely accepted that RT services 
have higher priority over NRT ones. Thus, 
a voice call is considered by the network 
as a high priority call compared to internet 
browsing. Moreover, different priorities 
can be given even in the same SC reflect¬ 
ing the differentiation between different 
user classes, which can be stemming from 
the application of different subscription 
fees policy. Furthermore, higher priorities 
are assigned to handoff calls and to calls 
related to emergency services. Different 
priority levels reflect different CAC crite¬ 
ria respectively, which are stricter for low 
priority SC calls and lenient for high pri¬ 
ority ones (Stratogiannis, Tsiropoulos, & 
Cottis, 2008). 

Prioritization schemes can be implemented 
mainly through three different techniques; chan¬ 
nel borrowing, queuing and reservation schemes. 
In the first technique, if a cell has all its channels 
reserved, it canborrow available channels from the 
neighboring cells to serve high priority SC calls. 
In queuing schemes, if a cell has all resources 
occupied, a high priority call request is set into 
the queue until the available resources, capable 
of accommodating the call request into the cell, 
are released. Queuing systems can be applied to 
either high priority call requests or all incoming 
call requests (high and low priority). In the latter 
case their position into the queue can be adjusted 
according to call requests priority. On the other 
hand, the reservation schemes were first used to 
prioritize handoff calls by permanently reserving a 
portion of cha nn els dedicated to handoffrequests. 
These schemes have been extended to support 


multiple SCs and to provide different priority 

levels among them, by reserving cha nn els for 

high priority SC calls. 

• Users mobility characteristics: Users mo¬ 
bility is a critical factor in wireless net¬ 
works as users travel along multiple cells, 
consequently, the traffic is changeable and 
it ca nn ot be precisely predicted. Therefore, 
an active terminal may move from one 
cell to a neighboring one, resulting in calls 
handoff. If a handoff call cannot be served 
in the new cell, it is dropped resulting in 
increased CDP. Since users are more sensi¬ 
tive to CDP than CBP, CAC schemes are 
employed to control the handoff failure 
probability. Most schemes in literature are 
assigning higher priorities to handoff calls 
resulting in less stringent admission condi¬ 
tions for handoff calls. These schemes are 
the same with prioritization schemes men¬ 
tioned above; with the only difference that 
they are designed to prioritize handoff calls 
(Ahmed, 2005). 

• Transmission rate: CAC schemes are em¬ 
ployed in wireless networks to guarantee 
the minimum bandwidth requirement for 
ongoing calls. On the other hand, each SC 
call may also have a maximum bandwidth 
requirement (Li & Chao, 2007). Based on 
the available resources, CAC schemes aim 
to provide each call with the highest band¬ 
width between the minimum and maximum 
requirement, while at the same time they 
try to reduce the CBP. Thus, some CAC 
schemes embed a mechanism, named QoS 
renegotiation technique. In this case, if the 
resources of network cell are insufficient, 
QoS renegotiation mechanism is activated 
to reduce the transmission rate of ongoing 
calls, up to an acceptable level, as much as 
it needs to admit a new call request. The 
transmission rate may be restored or lur- 
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ther increased when available resources 
are released from a terminated call. 
Networks revenue optimization: An ef¬ 
ficient CAC scheme should provide high 
network revenue for the network opera¬ 
tor by applying a high network utilization 
policy. On the other hand, there are strict 
limitations considering the total bandwidth 
constraints and the QoS guarantees. Any 
accepted call is not only accompanied 
with a reward coming from the revenue 
obtained, but also with a penalty if ongo¬ 
ing calls deteriorate their QoS. The reward 
may be the number of users or the portion 
of occupied bandwidth whereas the penal¬ 
ties may be defined by the probability of 
QoS deterioration. Finding in real time 
the optimum solution between reward and 
penalties constitutes a complicated prob¬ 
lem (Hou, Yang, & Papavassiliou, 2002). 
CAC schemes based on these parameters 
are named revenue optimization CAC 
schemes. 

Fair resource assignment: The main prob¬ 
lem of CAC schemes basing their admis¬ 
sion criterion on the call priority is that of¬ 
ten high priority calls monopolize network 
resources. This forces low priority calls to 
be severely blocked by the network result¬ 
ing in high CBP values for low priority 
traffic flows (Tsiropoulos, Stratogiannis, 
Kanellopoulos, & Cottis, 2008). This fact 
is observed not only in networks support¬ 
ing multiple SCs, where different priority 
levels are assigned to each SC, but also 
among different users in the same SC with 
different service agreements and mobility 
characteristics. Thus, there exist specific 
CAC schemes which take into consider¬ 
ation various fairness criteria based on dif¬ 
ferent network parameters, such as network 
throughput, CBPs achieved etc., guaran¬ 
teeing that no SC or user class dominates 
over network resources. 


Classification of CAC Schemes 

As CAC schemes are of most importance in wire¬ 
less networks, a plethora of different techniques 
have been proposed and implemented on systems. 
Thus, CAC schemes can be classified into differ¬ 
ent general categories, each of which is based on 
either the criteria considered in the decision part 
of the CAC scheme or the specific design charac¬ 
teristic as stated at Table 1. The criteria employed 
by CAC schemes are usually related to the QoS 
parameters, which were mentioned above. Con¬ 
sidering the specific design characteristics, each 
one has its own advantages and disadvantages. 
The selection between the different CAC design 
approaches should be made upon the wireless 
technology used, the number of SCs supported 
and the geographical peculiarities of the region 
where the network is installed. 

The most common design option for CAC 
schemes is the grade of centralization applied 
in CAC, in other words the site into the network 
architecture where the decision making part of 
the CAC is embedded. Upon this parameter, CAC 
schemes can be classified into centralized, dis¬ 
tributed or collaborative. In centralized schemes, 
CAC is realized in the mobile switching center 
(MSC), which is responsible for handling the 
services supported by the network. The informa¬ 
tion from each cell must be aggregated in MSC, 
where the admission decision is taken, and in turn 
the cell BS is informed to act accordingly. The 
main advantage of centralized CAC schemes is 
the increased efficiency level that they achieve. 
On the other hand, the increased complexity ac¬ 
companied with the additional control data that 
they require, constitute them unrealistic in prac¬ 
tice. Considering distributed CAC schemes, the 
decision making part is embedded in each cell B S 
and realizes CAC procedure independently from 
the rest cells. Therefore, they are more reliable 
and practical in implementation, however they are 
less efficient since they lack of global informa¬ 
tion for the network parameters; an information 
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Table 1. Different approaches for CAC classification in wireless networks 


Approach to CAC Design 

Design Option 

Main Idea 

Comments 

Centralization 

Centralized 

The site into the network archi- 
tecture where the decision making 
part of the CAC is embedded. 

Centralized design approach is unreal¬ 
istic in practice. Distributed approach is 
less efficient. 

Distributed 

Collaborative 

Action type 

Traffic descrip¬ 
tor (proactive) 

Predictive estimation of QoS 

Traffic descriptor based CAC schemes 
are very simple to be implemented, 
while measurement based need real time 
information. 

Measurement 
based (reactive) 

the transmission attempt. 

Information availability 

Global 

Level of information span along 
the network. 

Moving from global to local schemes 
the complexity is reduced along with their 
efficiency. 

Semi-local 

Local 

Grade of optimality 

Optimal 

Use of optimization techniques 
to apply the CAC policy maintain¬ 
ing QoS constraints. 

Near-optimal policies are preferable 
compared to optimal, as the latter are 
more complex and lead to intractable 
solutions. 

Near-optimal 

(sub-optimal) 

Traffic model 

Incoming rate 

Different stochastic models 
can be employed for traffic model 
description. 

If Poison arrivals and exponential hold¬ 
ing times are mainly assumed, leading to a 
tractable analysis. 

Service time 


Uniform 

The differentiation is based on 

Uniform and non-homogeneous 
schemes correspond to homogeneous and 
non-homogeneous systems respectively. 

Spatial distribution of users 

Non-uniform 

position, direction and velocity of 
mobile terminals. 

Information size 

Per cell 

The classification is based on the 
amount of information required for 
the admission procedure. 

CAC schemes based on per call infor¬ 
mation are more complex that per cell 
schemes, but they are more efficient. 

Per call 

Link under consideration 

Uplink 

The asymmetry between uplink 
and downlink. 

The uplink constraint is stricter due to 
power level consumption limitations. 

Downlink 


available only in centralized CAC schemes. A 
hybrid design option, named collaborative ap¬ 
proach (O’Callaghan, Gawley, Barry, & McGrath, 
2004), constitutes a promising solution in CAC. 
In this case, information is exchanged between 
neighboring cells with respect to resource alloca¬ 
tion and admission control, while the decision in 
taken locally in the BS of each cell. Hence, the 
advantages from both centralized and distributed 
CAC schemes are combined into a new powerful 
design architecture offering increased efficiency 
and reliability. The main disadvantage in this 
design option is its demand for high communica¬ 
tion overhead. 

CAC schemes can also be assorted into traffic 
descriptor based (alternatively called proactive) or 
measurement based (alternatively calledreactive). 


In the former group of CAC schemes, admission 
decision is based on a given traffic pattern avail¬ 
able to the algorithm. The CAC scheme examines 
whether the alreadyreserved bandwidth increased 
by the bandwidth demand of the new call exceeds 
cell capacity. In this case, the call is blocked oth¬ 
erwise it is accepted. The most common traffic 
descriptor based CAC scheme is simple sum (Tra- 
gos, Tsiropoulos, Karetsos, & Kyriazakos, 2008) 
which simply ensures that the sum of requested 
resources does not exceed cell capacity. A new 
call (denoted as a) with maximum bandwidth 
demand f is admitted under the condition that 
the total existing bandwidth demand increased 
by f remains below maximum cell capacity p. 
Thus, measured sum scheme admits a call a if the 
following test succeeds: 
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v + r a <\L. ( 1 ) 

As multimedia traffic supported bymodemnet- 
works is bursty in nature, traffic descriptor based 
CAC schemes overestimate bandwidth demands. 
This occurs since traffic descriptors specify the 
maximum bandwidth demand of each call, which 
is rarely used. On the other hand, traffic descriptor 
based CAC schemes are very simple; therefore, 
they are widely implemented mostly by switch 
and router vendors. 

In measurement based CAC schemes the 
decision making part of the algorithm employs 
the actual network characteristics of the network, 
which may be the traffic load, the packet error rate 
etc. These network characteristics are measured 
through an appropriate mechanism, implying 
that they are more realistic compared to explicit 
traffic descriptors. Some interesting measurement 
based CAC schemes are considered in (Tragos, 
Tsiropoulos, Karetsos, & Kyriazakos, 2008) (Ni- 
yato & Hossain, 2005) which are based on actual 
traffic flow, occupied bandwidth, network load 
and packet loss accompanied with revenue award. 
The most fundamental parameter in measurement 
based CAC schemes is the measurement based 
mechanism itself, namely the way the parameter 
employed in CAC procedure is measured (Mase, 
2004). This can be realized by either measuring 
a network parameter every sampling period ac¬ 
cording to a time-window policy (Jamin, Danzig, 
Shenker, & Zhang, 1997), or computing an average 
based on current and/or previous measurements 
(Floyd, 1996). Most CAC schemes embedded in 
CDMAsystems are designed according to the mea¬ 
surement based technique (Stasiak, Wisniewski, 
& Zwierzykowski, 2005). 

A further remarkable classification of CAC 
schemes can be achieved based on the amount of 
information available at the decision making part 
of the algorithm. This information may include 
the available or occupied cha nn els of a cell, the 
total bandwidth allocated to ongoing users, the 


mean packet delay for each traffic flow, etc. If this 
information can span along the whole network, 
then the scheme can be characterized as global. 
It is reasonable that these schemes provide high 
efficiency, but they are exceptionally complex, 
since they need to exchange a huge amount of 
information among the cells of the network. In 
case that the area of information exchange is 
limited only among an area including at least the 
neighboring cells of the cell under consideration, 
then the CAC scheme is called semi-local. These 
schemes provide also high efficiency and they are 
less complex compared to global ones, but they 
still need a lot of information exchange. Apart 
from information exchanging schemes, local CAC 
schemes exist, which are based on the information 
concerning the cell under consideration. Local 
schemes are simple in implementation, however 
they are less efficient compared to global or semi¬ 
local schemes. This is mainly attributed to the fact 
that the load of a cell may be influenced by the 
load of neighboring cells due to users mobility, 
a characteristic which is not considered in local 
CAC schemes. 

There are many CAC schemes available in 
literature proven to achieve the optimal solution 
in CAC problem, according to input parameters 
given for the admission decision process. How¬ 
ever, the optimal CAC evokes a high computa¬ 
tional complexity in design and implementation, 
due to a large number of states associated with 
the Markov decision problem (MDP). The large 
problem scale and multiple interdependent 
network parameters employed in optimal CAC 
schemes result in high complexity and increased 
processing time. Thus, optimal CAC schemes are 
not applicable in practice, as the admission deci¬ 
sion is taken instantaneously upon the arrival of a 
call request. As an alternative approach to optimal 
CAC schemes, sub-optimal CAC schemes have 
been proposed which achieve significantly lower 
complexity in design and implementation and are 
capable of operating on-line. Sub-optimal CAC 
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schemes are utilized to obtain a near-optimal 
solution to CAC problem, usually by employ¬ 
ing intellectual techniques (heuristic functions, 
alternative approaches, etc) to simplify original 
problem complexity. 

CAC schemes can also be separated based on 
information granularity (Jain & Knightly, 1999), 
which is dependent on the traffic model assumed, 
the spatial distribution of network users and the 
way that network information is obtained. CAC 
schemes may adopt a specific mobility pattern for 
users otherwise a simple resource policy for mo¬ 
bile users will be used. In the first case, the exact 
knowledge of the mobility characteristics of users, 
such as direction and velocity, help to precisely 
predict the handoff traffic load to each cell. The 
spatial distribution of users may be uniform or 
non-uniform, consequently the wireless network 
is assumed as homogeneous or non-homogeneous 
respectively. Information can be obtained by a 
cell for either each call or each SC stream flow. 
As the information for the network gets more 
analytical, the complexity of the CAC scheme 
increases along with its efficiency. 

An additional taxonomy of CAC schemes can 
be performed based on differentiating the data rates 
between uplink and downl ink. Unlike traditional 
voice services, the demand for bandwidthbetween 
uplink and downlink may be asymmetric in many 
multimedia services. In such systems, if CAC 
scheme employed allocates equal bandwidth for 
both uplink and downlink, then the overall system 
capacity could be limited by downlink (Yang, 
Feng, & Kheong, 2006). In this case, resources 
are deficiently exploited, bandwidth is wasted 
and CAC scheme efficiency remains low. Some 
CAC schemes consider a joint admission policy, 
taking into account both uplink and downl ink. 
Thus, a new call request is accepted on condi¬ 
tion that enough resources can be allocated to 
both uplink and downlink according to call QoS 
characteristics. 


Network Model and System Analysis 

The majority of the studies concerning CAC in 
wireless networks employ some standard assump¬ 
tions to provide a tractable system analysis. Most 
assumptions and system models were obtained 
by classic traffic theory and applied to cellular 
network. The latter does not necessarily obey the 
same traffic model, as the mobility of the users 
and the emerging multimedia services indicate 
the need for new teletraffic theories and models, 
taking into account the new opportunities of wire¬ 
less networks. 

One of the most fundamental assumptions in 
system models for wireless networks concerning 
CAC is the call arrivals to the network which are 
considered to follow the Poisson distribution. 
Thus, new calls are assumed to arrive according 
to a Poisson distribution with rate X in cell i. 
If the network is assumed homogeneous, then the 
arrival rate is X for every cell and the analysis 
is focused only to a single cell. The handoff call 
arrivals are also assumed to follow the Poisson 
distribution with rate X A/ , Poisson arrivals are 
not so obvious in the case of handoff calls, as the 
handoff traffic is strictly related to the mobility 
characteristics of the users. In (Chlebus & Ludwin, 
1995) it has been proven that this assumption 
holds provided that there is no blocking in the 
network. Since this is an ideal case, in the same 
work a blocking scenario is assumed in order to 
examine how accurate the assumption of Poisson 
handoff arrivals is. The results indicated that this 
constitutes an approximation model and its per¬ 
formance is satisfactory. Moreover, in (Chlebus & 
Ludwin, 1995) the authors claim withoutproviding 
the proof that in a blocking environment handoff 
traffic is a smooth process, which means that the 
variance is less than the mean value. 

Channel holding time is defined as the amount 
of time that a call is assigned a channel in a certain 
cell. The channel may be released if the call is ei- 
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ther completed or handed off to a neighboring cell. 
Another critical definition in wireless networks 
is call holding time (found in literature also as 
service time or requested call connection time, 
RCCT), which is defined as the total connection 
time initially requested by a call. Call holding time 
is subjected to the specific characteristics of the 
call, as calls belonging to different SCs may have 
also different duration. How long a call stays in a 
cell is another fundamental parameter in wireless 
networks and is widely called as cell residence time 
(CRT) or cell dwell time. CRT is mainly depen¬ 
dent on users mobility characteristics and on the 
geometry ofthe cells. The majority of the analysis 
existent in literature assume that channel holding 
time is modeled through an exponential distribu¬ 
tion for both new and handoff calls. However, 
channel holding time does not necessarily obey 
the exponential distribution as there exist certain 
conditions to be held, which were extensively in¬ 
vestigated in (Fang, Chlamtac, & Lin, 1998). Fang, 
Chlamtac and Lin (1998) have proven that channel 
holding time follows exponential distribution if 
and only if the cell dwell time is exponentially 
distributed. In the rest cases, the channel holding 
time ca nn ot he modeled according the exponential 
distribution, handoff traffic ca nn ot be modeled as 
Poisson distribution and the total incoming traffic 
to the cell cannot be assumed as Poisson arrivals. 
Some researchers adopt other distribution models 
for channel holding time such as lognormal (Je- 
drzycki & Leung, 1996) and general distribution 
(Rajaratmam & Takawira, 1999). Although the 
assumption of cell dwell time and channel hold¬ 
ing time is complicated, most researchers model 
both parameters through exponential distribution 
as through this assumption the analysis is tractable 
and analytical formulas for CBP can be derived. 
A more rigorous analysis would require the ana¬ 
lytical survey of network assumptions, but this 
is beyond the scope of this chapter. Thus, both 
(new and handoff) incoming traffic flows will be 
assumed as Poisson arrivals and cha nn el holding 


time and cell dwell time will be modeled through 
exponential distribution with mean l/\i.. 

In a complete resource sharing scheme (Lai, 
Misic, & Chanson, 1998) a call is admitted as 
long as there are sufficient network resources 
to accommodate it; otherwise it is rejected. The 
same policy is applied for new and handoff 
calls, making no segregation between them. By 
defining the state of a particular cell i at time t 
to be the number of occupied channels in that 
cell, represented by j c. (f) 1 1 > 0 j , the cell can 
be modeled as a contmuous-time Markov chain 
(CTMC). If the number of channels in a given cell 

1 is C., then the system model is a typical M/M/ 
C. queue (Figure 2). Note that in order to adopt 
M/M/C. model we should make the assumption 
that when the network operates under conges¬ 
tion, a call arrival (new or handoff) is blocked. 
This assumption relaxes the analysis from M/M/ 
CJK, where K is maximum calls waiting to be 
admitted, into M/M/C., where no buffer is used. 
The truncated state space of cell i , represented 
by S. , is given as 

s, = {»,;0<»,<c,}, 

where, n. denotes the number of occupied chan¬ 
nels in a certain network state. 

Let tt define the transition rate from 

state n. to state n'. , where n. , n'. e S. . Then, 
the transition probabilities for adjacent states are 
obtained as follow 

it [n. , rt. +l ) = \ n . + \ h . (2.a) 

( 2 - b ) 

Based on transition diagram stated in Figure 

2 the following global balance equation is de¬ 
rived 

(\i + \t )p{ n i) = n i+^,P («+l ) > ( 3 ) 
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Figure 2. Transition diagrams considering network state of the complete resource sharing scheme 



Mi 2 Mi (Trl)Mi T iMi (T,+1)Mi 0>2)Mi (C r 1) M i C iMi 


where, p(n.^J denotes the steady state prob¬ 
ability that the number of ongoing calls in cell i 
is n ., defined as lirn Pr ob |c {tj = «. j, where 

n. = 0,1,...,C.. From the global balance equa¬ 
tion the steady state probability can be obtained 
as follows 

< 4 > 

where, p is the traffic intensity defined as 
P = (\, +\,)/h and 77 ( 0 ) is the normaliza¬ 
tion factor defined as 


most cases, different traffic flows, each of which 
corresponds to a specific SC, are considered to 
be independent; therefore, multiple one dimen¬ 
sional transition diagrams are obtained reducing 
the complexity of the problem. An interesting 
and mathematically robust analysis considering 
this problem is provided in (Li & Chao, 2007) 
where CBPs, handoff rates and QoS (named also 
as grade of service) are acquired in closed form 
expressions. 

In the case of multiple independent SCs, the 
previous analysis is carried out separately for ev¬ 
ery SC. Suppose U SCs with the corresponding 
arrival and death rate for a cell i being 


H°r'=Efv < 5 > 

A new call is blocked on the grounds that all 
cha nn els are occupied, thus, the new call blocking 
probability P* m in cell i is given by 

P*(i) = p(C i ). (6) 

Since no prioritization for handoff calls has 
been assumed for this general analysis, handoff 
failure probability P b h m in cell i should be equal 
to P b (i^j , therefore we obtain 

P b n {i) = P b h (j) = p(c). (7) 

This analysis can be carried out for multiple 
SCs and multiple cells, but it is complicated as the 
transition diagram has multiple dimensions (Fang 
& Zhang, 2002), therefore, the corresponding 
global balance equation is difficult to be solved. In 


\t (\t) = («,, ) + V; K t) ( 8 ) 

and q ui , respectively, where w = l,...,[/, 
X m ,. (n u .) and \ hu . (n u . j are the respective call 
arrival rates for new and handoff u SC calls in 
the cell i , p„, is the mean cell dwell time of the 
same u SC calls and n u . are the total number of 
occupied channel by u SC calls in the cell i. The 
respective steady state probability of being n u . 
channels occupied is given by 




i%,i 


(9) 


where, p u (oj is the normalization constant 
given by 


=e;J 


( 10 ) 
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Considering now the total number of SCs sup¬ 
ported in cell i , the truncated state space is 


The steady state probability of the network 
being at state n. is given by 


P„, 


=p„»n:, 





where, p . (oj being the normalization constant 
given by 


p-',»=Eni 

n i €S 'i 

( 12 ) 

For the complete resource sharing scheme the 
new CBP and handoff CDP for u SC in cell i 
are equal with the probability of the state where 
the network operates under congestion, e.g. all 
channels are occupied. Thus, the corresponding 
probability is given by 

P h b (u,i) = P b (u,i) = p(n*), (13) 

where, 

n. = (n*., n*.,.. n*. + «*. + ...+ «*. = C. 

Generally, there are two different approaches 
considering the whole network problem with J 
cells supported, i = 1,2, J . In the first case, 
the network can be assumed as homogeneous; 
therefore, one cell may be examined with its re¬ 
sults representing the whole network state. Thus, 
the new CBP and handoff CDP determined above 
for 1 cell are the same for the whole network 


j \„, + | J_ 

i I H U 2 ■ 


problem. In the second case, the network traffic 
is disproportionally distributed to network cells; 
consequently, the analysis should be further car¬ 
ried on to determine the admittance failure prob¬ 
abilities. This study is analytically presented in 
(Li & Chao, 2007) where additional QoS network 
parameters are examined. 

Guard Channel / Fractional 
Guard Channel Policies 
(Thinning Schemes) 

Complete resource sharing schemes cannot guar¬ 
antee a certain level of QoS for handoff calls, 
especially during network congestion, as the whole 
number of cha nn els are allotted indiscriminately. 
Therefore, GC schemes, called also reservation 
schemes, have been first proposed by Hong and 
Rappaport (1986) to prioritize handoff calls over 
new calls. The basic concept of these schemes 
is to permanently reserve a certain amount of 
channels or network resources only for serving 
handoff calls. The rest channels are available for 
both new and handoff calls. Thus, supposing that 
the total amount of channels is set C. in the cell 
i and the channels available for common use 
arc T. (T < C. ), then the cha nn els dedicated to 
handoff calls are C.—T.. Therefore, T. operates 
as a threshold for new users, implying that a new 
call is admitted provided that at least T +l channels 
are available, while a handover call only needs 
one available channel to be accepted. Maintaining 
the same network assumptions stated above for 
the single SC complete resource sharing scheme 
the transition diagram for the CTMC is shown in 
Figure 3, represented by the same truncated state 
space S. . The transition probabilities for adjacent 
states in GC schemes are obtained as follows 

Tt(n., n. +1 ) = \ . for 

tt ( n t , « i+1 ) = \. + \ h i 0 < n. < T. - 1 for 
0 < n. < T. — 1 ( 14 - a ) 
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Figure 3. Transition diagrams considering network state of the Guard Channel scheme 
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= \ h . for "(«,j« 

T<n.< C. -1 for p < n. < C. -1 (14.b) 

tt [n ., n. j) = n.p .. (14.c) 

Basedonthe global balance equations provided 
by CTMC on Figure 3, the following expression 
for the state space probability _p(n.) is derived 


K W = p{ T i ) + P ( T i+ t) + - + P (C.) • (18) 

As GC schemes provide handoff prioritization, 
a handoff call is blocked if and only if all channels 
of i cell are occupied, consequently the handoff 
CDP is expressed as 

P h b (i) = P (C). (19) 


X . + X,. 


1 






/ \ / \ x . + X, ' i 

= -H — 


\\. +\, 

h 

0 < n. < T. -1 for Q < n. < T. -1 


(15) 




p (,) = p(o)XA\ 


— — for 

|x. I n .! 

: fkr 1 -!. 

I M , I n , ! 


T. <n. <C .-1 for T. <n. <C. -1, (16) 

where, p(&j is the normalization factor defined 


w«r=D- 



According to GC CAC scheme policy, a new 
call is blocked if the total occupied channels in 
the cell i are equal or above T.. Thus, the new 
CBP is given by 


If T becomes equal to C. then the GC scheme 
become a complete resource sharing scheme. The 
main issue in GC schemes is the calculation of 
threshold value T. that minimizes new CBP given 
the constraint for handoff CDP (Ramj ee, Towsley, 
& Nagarajan, 1997) (Harine, Marie, Puigjaner, 
& Trivedi, 2001). The harder the constraint for 
handoff calls is, the better QoS is provided by 
the network. On the other hand, the lower values 
for handoff CDP imply higher values for new 
CBP. Thus, there is a tradeoff between new CDP 
and handoff CDP, which is reflected in threshold 
value calculation. 

As modem wireless networks support mul¬ 
tiples SCs with different QoS characteristics, 
sophisticated CAC schemes should be employed 
to guarantee the different QoS levels. Thus, GC 
schemes, which were employed to prioritize 
handoff calls over new ones, can be modified to 
utilize different thresholds for each SC (new and 
handoff) calls in the admission decision process. 
These schemes are commonly known in literature 
asmulti-thresholdbandwidthreservationschemes 
(Haung &Ho, 2002) (Chen, Yilmaz, & Yen, 2006). 
In such schemes two types of call prioritization 
can be applied, priority of SC and priority of call 
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type. The former priority characterizes the type of 
the service and addresses the problem of differ¬ 
ent SC calls prioritization by employing different 
thresholds for each SC calls. The analysis is similar 
to the one presented above for complete resource 
sharing scheme supporting multiple SCs. 

The different SCs supported by the network 
are usually RT and NRT SCs, while in other cases 
the SCs supported may be more than 2 (Tragos, 
Tsiropoulos, Karetsos, & Kyriazakos, 2008) each 
of which having its own QoS demands. The latter 
priority type characterizes the call type such as 
new or handoff call. The main problem of multiple 
thresholding schemes is the exact calculation of 
critical parameters such as threshold values. In 
the literature, there exist some algorithms for 
calculating thresholds mainly based on revenue 
optimization techniques, but most of them are 
computationally expensive and difficult to be 
solved (Chen, Yilmaz, & Yen, 2006). In par¬ 
ticular, threshold estimation is a multi-constraint 
combinatorial problem, where multiple network 
limitations should be taken into account. 

The fixed portion of channels reserved for 
handoff calls or high priority SC calls by GC or 
multi-threshold schemes respectively is deter¬ 
mined mainly based on a priori knowledge of the 
traffic patterns. Therefore, they lack adaptability 
as they are static in nature, thereby being unable 
to cope with network dynamics. In realistic situ¬ 
ations, call arrival rates do not remain static and 
they ca nn ot be precisely described through traffic 
patterns. Thus, anetworkwithtime-varyingtraffic 
requires dynamic CAC schemes, which usually 
yield better performance. Dynamic (named also 
adaptive) GC schemes are based on either a mo¬ 
bility prediction technique employing the users 
mobility ratio, the direction and the location of 
the mobile terminal, or measurements of some 
network parameters such as available resources, 
CBP and CDR Their basic objective is to adapt 
the thresholds employed by the CAC scheme as to 
optimize a given obj ective function. This function 
can be based on different algorithms, such as a 


penalty-revenue approach concerning the admit¬ 
tance or rejection of the incoming calls, a network 
utilization optimization policy, etc. Bothmobility 
prediction and measurement based dynamic CAC 
schemes are strongly dependent on the efficiency 
of the mobility estimation algorithm or the mea¬ 
surement technique employed, respectively. The 
extended results presented in literature indicate 
that dynamic GC schemes outperform the static 
GC schemes (Yu & Leung, 1997) (Bartolini & 
Chlamtac, 2001). On the other hand, dynamic 
GC schemes are more complex compared to static 
ones, requiring increased communication between 
BSs and large processing load. 

Another variation of the GC schemes pre¬ 
sented above is the fractional guard channels 
(FGC) schemes. FGC scheme was first proposed 
by Ramjee (1996) and was proven to be more 
general than GC schemes. The basic idea of the 
FGC scheme lies on accepting an arriving new 
call under a certain probability aln.^j, where 
0 < < 1 and n. = 0,1 ,which de¬ 

pends on the number of busy channels in cell i 
. Generally, this probability is variable among 
different states of the network and in the case that 
a (o) > a (l) > ... > a (C. j the new call stream 
becomes gradually thinner with the increase of 
occupied channels. Handoff calls are unhinderly 
admitted unless there are no cha nn els available. 
Due to the fact that a certain number of cha nn els 
were reserved in simple GC schemes, new CBP 
and handoff CDP vary greatly as the number of 
occupied channels change. On the other hand, in 
FGC schemes the application of the admission 
probabilities eliminates the use of threshold in 
admission decision providing a smoother change 
in new CBP and handoff CDP. 

Assume a FGC scheme with the same network 
assumptions stated in the GC schemes of the 
present section. Network states can be modeled 
according the CTMC shown in Figure 4, which 
are represented by the truncated state space S .As 
observed in Figure 4, the transition probabilities 
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Figure 4. Transition diagrams considering network state of the Fractional Guard Channel scheme 
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for adjacent states in FGC schemes are obtained 
are the following 

s|«., n. +l ) = a (n .) \ n . + \ h . (20.a) 

nl«., n. j ) = n.[L .. (20.b) 

Consequently, the global balance equation can 
be obtained by applying the fundamental rule of 
birth-death process in Figure 4, “rate up equals 
rate down” (Cooper, 1981), as follows 

( a ( H i ) \| + \i )p( H i) = («+l ) V-,P { n i+ 1) ' 


( 21 ) 

By solving the global balance equation the 
stationary distribution for the FGC scheme is 
obtained 


f („,) = nL^(*)c+\ Jp(0)for 

p( „, )= n;JW\,+\ >(0) 


0 <n.< C. for 0 <n.< C ., 
where 


( 22 ) 


, ,_i n? . +x, . 

p( 0 ) =E!'-, U , " ■ ( 23 ) 

' |x '/* ! 


The new CBP and handoff CDP can be ob¬ 
tained as 


K $ = E 31 1 - a ( n i )) p( n i) ( 24 ) 


P h b {i) = p(c.) (25) 

respectively. 

Obviously, when a(0) = a( 1) = ...a(T) = 
1 and a ^|^... = a(c.) = 0 the simple 
GC scheme is obtained with T. operating as 
threshold for the new calls. Moreover, by setting 
all fractional probabilities equal to unity, e.g. 

= a(l) = ... = a (c. j = 1, the complete 
resource sharing scheme is obtained. Thus, FGC 
schemes are proven to be more general with 
GC and resource sharing schemes being special 
cases. Due to the fractional probability a (n.'j 
embedded in FGC schemes, they are used to 
obtain new schemes for multimedia wireless 
networks, specially designed to comply with 
network administrator specifications and SCs 
QoS requirements. 

FGC schemes are further employed to prioritize 
high priority SCs in multimedia wireless networks. 
These schemes are also known as thinning or 
probabilistic CAC schemes (Wang, Fan, & Pan, 
2008) (Tsiropoulos, Stratogiannis, Kanellopoulos, 
& Cottis, 2008). Each SC call is assigned with its 
own probability being the same for all the calls 
of a certain SC. Fligher SCs in terms of priority 
are assigned with respective higher fractional 
probabilities. In this case, the previous analysis 
for FGC schemes can be generalized according 
to the same analysis employed for multi-SCs 
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in complete resource sharing and GC schemes 
(Wang, Fan, & Pan, 2008). 

CAC Schemes Based on 
Signal Quality (SIR-Based) 

In modem wireless access technologies, inter¬ 
ference poses critical constraints concerning 
mainly the signal quality. This situation has an 
impact not only on network conditions but also 
on system capacity. Particularly, in CDMA wire¬ 
less networks interference is the dominant factor 
affecting their performance in terms of capacity 
and QoS provision to end users. Thus, the SINR 
value is an adequate metric of the signal quality. 
CDMA-based air interfaces are mainly influenced 
by interference caused by other users from the same 
network instead of Gaussian noise, consequently 
the noise effect is usually neglected focusing 
mainly on SIR. 

CAC schemes implemented for interference - 
limited networks employ as ad mi ssion criterion 
either the interference levels caused by a new 
incoming call or the signal quality levels achieved. 
Hence, interference based CAC schemes admit 
new calls only if the SNR/SIR values can maintain 
a mi nimum signal quality level. The SNR/SIR 
levels correspond to predefined QoS levels for 
new and ongoing users. This simple approach 
offers a tool to reduce interference in wireless 
networks, while on the other hand is constitutes 
an efficient admission criterion. 

Two simple SIR-based solutions were proposed 
by (Liu & Zarki, 1994) for controlling the signal 
quality. This is realized by considering the SIR 
value achieved by the new call. The call is ad¬ 
mitted provided that this value is higher than the 
mi nimum SIR value. Both implemented schemes 
are based on the residual capacity of the cell 
formulating each time an appropriate admission 
criterion. In the first scheme the residual capacity 
of the network is defined as 


SIR h SIR k 


( 26 ) 


where SIR k is the uplink SIR value in a cell k and 
SIR (h is the threshold value that imposes whether 
a call is admitted or not. The residual capacity of 
the cell is calculated when a new user arrives and 
if is greater than zero the incoming call is admitted 
otherwise the call is rejected. The second proposed 
algorithm follows the same rationale taking also 
into account the impact of admitting one call on 
cell k itself and its adjacent cells C(k) as well. 
This is done by encompassing an interference 
coupling parameter [1 in the above defined residual 
capacity leading to 


R 


1 1 



y’GC(k) 


(27) 


These simple algorithms were evolved taking 
into account inter-cell interference. In residual 
capacity estimation, the parameter LJj,k) is 
employed, representing the predicted additional 
intercell interference. The use of this parameter 
has a great impact on CBPs achieved, which are 
significantly reduced. QoS guarantees are also 
provided by using certain SIR thresholds, which 
correspond to certain levels for blocking rate 
(Kim, Shin, & Lee, 2000). The residual capacity 
is given by 


R . = f—--- 1 - 

Lj [SIR th SIR. L m {j, k) 


j£C(k) 

(28) 


Bandwidth Adaptation and 
QoS Re-Negotiation 

Wireless networks support a variety of services 
which can be categorized into rate adaptive ap¬ 
plications and constant bitrate (CBR) services. 
The calls of the latter category demand a constant 
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bitrate throughout their duration. In such services, 
e.g. voice calls, a further increase of their band¬ 
width above the standard demand will not improve 
their QoS. On the other hand, in rate adaptive 
services users specify at their connection request 
the range of bandwidth required to be supported 
by the network. Thus, each user seeking for a rate 
adaptive service has a mi nimum and a maximum 
bandwidth request. Moreover, rate variations may 
originate from the dynamic nature of wireless 
environment combined with the mobility of the 
user terminals. Thus, bandwidth adaptation algo¬ 
rithms are employed in modem wireless networks 
to improve network utilization and guarantee the 
QoS requirements of ongoing calls, offering them 
at least their minimum bandwidth demand. When 
the network condition are favorable and enough 
resources are available, the existent free resources 
are allocated to ongoing rate adaptive users ac¬ 
cording two different strategies based on SCs 
priorities (Li & Chao, 2007). In the first scheme 
the available resources are fairly allocated to all 
ongoing users without taking into account their 
priority levels. In the second scheme, resources 
are first allocated to the high priority SC calls, 
till the resources are exhausted or the maximum 
bandwidth demand of these calls is met. If enough 
resources are still available, then the scheme as¬ 
signs the rest available resources to the next high 
priority SC calls. The same procedure follows 
until all resources are exhausted or all calls are 
served with their maximum bandwidth demand. 
Apart from taking into account priority levels, 
resource assignment in rate adaptive services 
may be performed based on more complicated 
schemes. In (Sen, Jawanda, Basu, & Das, 1998) 
an optimal resource assignment strategy is pro¬ 
posed for maximizing a revenue strategy, while in 
(Sherif, Habib, Nagshineh, & Kermani, 2000) an 
adaptive resource allocation algorithm is proposed 
to maximize bandwidth utilization and attempt to 
provide fairness with a generic algorithm. 

Generally, when a call arrives into a certain cell 
the network either may have enough resources to 


provide a bandwidth between its minimum and 
maximum demand or it may operate under conges¬ 
tion which means that it ca nn ot provide even the 
minimum bandwidth of the new call request. In 
the first case the call is admitted as QoS require¬ 
ments in terms of bandwidth demands are met. 
In the second case, bandwidth adaptation CAC 
algorithms, also known as rate adaptive schemes, 
are applied to find an optimal solution concern¬ 
ing the resource allocation serving as many us¬ 
ers as possible while providing QoS guarantees 
to ongoing calls minimizing admittance failure 
probabilities. This is implemented by reducing 
the rate of some users which have higher rates 
than the declared mi nimum values as much as 
needed to accommodate the new call request. In 
some bandwidth adaptation CAC algorithms, this 
procedure is followed only for handoff or high 
priority SC call requests (Tragos, Tsiropoulos, 
Karetsos, & Kyriazakos, 2008) (Lindemann, 
Lohmann, & Thiimmler, 2004). However, it must 
be mentioned that user rates cannot be reduced 
under the minimum rate values so as to ensure 
QoS provision, therefore, in case that all users 
operate at their lowest bandwidth requirement then 
a new call request is rejected. Rate degradation 
may be applied according to a prioritization or a 
non-prioritization scheme. In the former scheme, 
the rate degradation policy is first applied to the 
SC calls with the lowest priority. If the resources 
released are still not enough to admit the call re¬ 
quest then the calls of the next priority level are 
examined. In the non-prioritization scheme, all 
calls served with higher rate than their minimum 
bandwidth demand decrease their rate so as to 
admit the call request. A useful QoS metric in 
QoS renegotiation CAC schemes is the degrada¬ 
tion ratio which is defined as the proportion of the 
number of degraded calls to the number of ongo¬ 
ing calls (Kwon, Choi, Bisdikian, & Naghshineh, 
1999). Moreover, though network measurements 
the degradation probability can be determined. 
Higher or lower degradation probability values 
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denote a more or less aggressive CAC design 
approach respectively. 

Except for rate degradation, the reverse 
procedure is followed in case where enough 
available resources exist so as to offer higher 
rates to ongoing calls. This rate upgrade policy 
can be applied in accordance with two ways. In 
the first one, a rate adaptive resource allocation 
scheme mentioned above is employed to exploit 
the available resources (Li & Chao, 2007). In the 
second one, the calls which had recently their 
rate decreased are the first ones to have their rate 
restored (Tragos, Tsiropoulos, Karetsos, & Kyri- 
azakos, 2008). If there are still enough available 
resources, a resource allocation scheme is em¬ 
ployed to allocate the current available resources 
to ongoing users. 

QoS renegotiation schemes and especially 
rate degradation algorithms must be treated 
carefully and should constitute the last step of 
a CAC scheme in their effort to gain the needed 
resources for admitting a new call. There are 
many applications, such as voice calls or video 
streaming, the rate of which cannot be reduced 
without QoS degradation or being noticed by the 
user. Furthermore, since users are sensitive to 
multiple fluctuations in the rate of the applications 
used, it is preferable to employ some thresholds 
in rate upgrade procedure. This policy implies 
that a rate upgrade is accomplished only if the 
available resources after the upgrade are above 
the threshold value defined (Tragos, Tsiropoulos, 
Karetsos, & Kyriazakos, 2008). 

Price Driven CAC Schemes 

One of the most widely studied CAC approaches 
in literature are price driven CAC schemes. They 
are usually employed to apply a pricing policy in 
CAC procedure as to maximize the total revenue 
while guaranteeing at the same time the QoS re¬ 
quirements. Moreover, they are used in wireless 
networks as means to shape incoming traffic and 
prevent network congestion (Cocchi, Shenker, 


Estrin, & Zhang, 1993) (Evci & Fino, 2001). The 
main idea which they are based on is that users 
act independently and sometimes selfishly, since 
they seek to maximize their own utility, without 
taking into consideration the current state of the 
network. Thus, through the application of an 
appropriate pricing policy they can behave in a 
way that improves overall network utilization and 
system performance. Price driven CAC schemes 
can be further categorized into two main groups. 
The CAC schemes belonging to the first category 
embed a dynamic pricing module into call admit¬ 
tance procedure, while CAC schemes belonging 
to the second category adopt the pricing policy 
to determine the network parameters employed 
in admittance procedure. 

Athorough analysis of a CAC scheme belong¬ 
ing to the fist category is examined in (Hou, Yang, 
& Papavassiliou, 2002). In this analysis, CAC 
scheme assigns a certain price so as to shape the 
incoming traffic of new calls. Handoff calls are 
admitted unhinderly by the network till all network 
resources are occupied. The price p (?) determined 
by the network at a given time t is dynamic, aim¬ 
ing at maximizing the total utility of users. Its 
calculation is based on the optimal arrival rate \* 

. Thus, if the total incoming rate X (?) is below 
X a normal price p is assigned to new calls, 
which is acceptable by all users. Therefore, the 
accepted traffic load of new calls X , n (V) is equal 
to the total incoming rate, (?) = \ (/). 

Otherwise, in the case that \ (Yj is above X , 
an increased price p(t ) is determined based on a 
demand function defined as follows 

MI jigl 

D[t) = e\ P ° I , D(t) = e^ P ° > p(t)>p o , 
p{t)>P 0 > (29) 

where, D (?) denotes the fraction of the users 
which accept the price p (?). The value of p (?) 
should be suitable so as the accepted traffic load, 
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which is lower than the total incoming rate as 
X in (?) = D (?) X (?), has to be below the optimal 
arrival rate X • As p (?) is continuous over the 
time and dynamically adjusted according the 
system conditions any, the condition 

V (*) < X* (30) 

is always satisfied. 

Price driven CAC schemes belonging to the 
second category employ a revenue est im ation 
function or mechanism, which is based on a cer¬ 
tain network parameter (thresholds applied, SIR, 
etc.). Through an appropriate method they aim at 
maximizing the revenue obtained, consequently 
an optimal value for the network parameter is 
obtained. Moreover, the CAC scheme design has 
to be appropriate so as the network parameter 
value examined should be close or equal to the 
ideal value. Therefore, the revenue optimization 
is achieved and at the same time CAC scheme 
performance is satisfactory. 

Such an analysis is presented in (Kwon, Kim, 
Choi, & Naghshineh, 2000) (Kwon, Choi, & 
Naghshineh, 1998), where U SCs are assumed. 
The CAC scheme employed is a multiple threshold 
one, where the values of the thresholds used are 
determined by the pricing policy applied and the 
QoS requirements of the SCs supported. Each u 
SC call is charged with price r , u = 1,2,..., U . 
Let a feasible user allocation x = [x x , x 2 ,..., x u ) 
exists, where x denotes the number of ongoing 
u SC calls in the cell. Hence, the total revenue is 
obtained as follows 

Evx( r - x M x )’ ( 31 ) 

where, ir(x) is the probability of the network 
cell to be in state x and r = (r l5 r 2 ,r^) is 
the pricing vector. The main objective of the 
study is to obtain the threshold values ? for 
each SC by solving the non linear programming 


(NLP) problem of maximizing the total revenue, 
while guaranteeing the QoS requirements. A 
method to transform the problem from a NLP 
one to a linear programming (LP) problem can 
be applied, consequently threshold values can be 
easily obtained. 

Apart from obtaining the optimal values for 
thresholds employed in a multiple SC GC CAC 
scheme, pricing strategies are useful to calculate 
the “Bandwidth Market Price” (BMP) (Ibrahim, 
Chinneck, & Periyalwar, 2003), which is defined 
as the current price to transmit 1 Gbit of traffic us¬ 
ing 1 kbps of network bandwidth. To determine the 
BMP the total revenue of each user is examined. 
This includes the basic service, which corresponds 
to ?th customer bitrate (BR.), and more advanced 
services such as a guaranteed end-to-end delay 
(ETED) and/or frame errorrate (FER). The charge 
of BR, ETED and FER are denoted as T g , T f and 
T , respectively. Therefore, the overall charge for 
a given i call is given as 

T=T+T+T f . (32) 

Assuming that T g is directly proportional to 
BR. and BMP the BR charge is obtained as 

7;=BR i xBMP (33) 

Charges T /r and T p are proportional to T g , 
therefore they are given by 

T e = olxT b = axBR.xBMP (34) 

and 

T f =(3x7; =(3x’ R.xBMP (35) 

respectively, where parameters a, [1 are positive 
numbers usually below unity. From the above 
mentioned, z'th user total charge T can be ob¬ 
tained as 
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T. = (l + ct + p)’ R^BMP (36) 

The overall charge T in the cell under con¬ 
sideration is obtained as 

T = Yldc-cdl T i = Y^^cell ( ] + a + P) ’ RjXBMP 
(37) 

The revenue based policy aims at maximiz¬ 
ing the service provider revenue by dynamically 
adjusting the BMP and the resource allocation 
of ongoing users. Applying this objective to the 
above formula, the optimal BMP for maximiz¬ 
ing total revenue and the resource allocation to 
ongoing users considering the optimal BMP are 
obtained. 


number of already accepted calls, the bandwidth 
requirements of each call and the policy applied 
for handoff calls (Tragos, Tsiropoulos, Karetsos, 
& Kyriazakos, 2008). 

In the case of single SC wireless networks 
the evaluation of CAC schemes considering 
failure probabilities is mainly focused on handoff 
prioritization (Fang & Zhang, 2002) (Yavuz & 
Leung, 2006). The divergence between CBP and 
CDP becomes greater as the policy for handoff 
prioritization becomes stricter. In GC schemes 
this is realized by lowering threshold value T. 
while in FGC probability a, [n. j becomes lower. 
To measure the prioritization achieved among new 
and handoff calls an appropriate priority index 
(PRIN) is defined as the fraction of new CBP to 
handoff CDP, as follows 


EVALUATION CRITERIA AND 
PERFORMANCE METRICS 

CBP Estimation 

The most common criteria employed to evaluate 
the performance of all CAC schemes proposed 
are CBP and CDP. In cases where the assump¬ 
tions made allow the application of Markov chain 
analysis, analytical formulas for CBP and CDP 
are derived (Li & Chao, 2007) (Fang & Zhang, 
2002) (Tsiropoulos, Stratogiannis, Kanellopoulos, 
& Cottis, 2008). Therefore, the evaluation of CAC 
schemes employed can be based on these criteria. 
In measurement based CAC schemes CBP and 
CDP are estimated by measuring the calls blocked 
or dropped respectively into a predefined time 
window. The main aim of each CAC scheme pro¬ 
posed in literature is to reduce as much as possible 
both probabilities through the decision making 
process employed. Moreover, QoS requirements 
for ongoing calls should be met providing at the 
same time handoff prioritization. Both prob¬ 
abilities used for CAC schemes evaluation are 
mostly dependent on the input traffic load, the 


new CBP 

PRIN =- 

handoff CDP 


>1 


(38) 


Evidently, in order to achieve handoff priori¬ 
tization this index should be above unity as new 
CBP should be greater than handoff CDP. 

A similar analysis is applied in multiple SC 
wireless networks. Apart from handoff prioritiza¬ 
tion, different SCs should correspond to respective 
different priority levels. Thus, considering that u 
SC should have absolute priority over u +1 SC, 
where u, u +1 e U , then new CBP and handoff 
CDP u of u SC should be lower than new CBP +| 
andhandoffCDP u+1 ofw+1 SC respectively. There¬ 
fore, the divergence between failure probabilities 
among different SCs is more critical in multiple 
SC wireless networks. The above mentioned index 
can be modified to estimate the prioritization level 
among different SCs. In particular, PRIN (u, u'\ 
measures the prioritization achieved among u and 
u ' SC, u,u r eU , which is defined as 


prin ( M y) 


new CBP +handoffCDP 

---- (39) 

new CBP , +handoff CDP , 
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where, PRIN(w,m')> 1 if u < u' or 
PRIN(w,«')<l if u>u . 

Fairness and Resource Allocation 

The handoff or SC prioritization is desirable up 
to a certain extent. When the network is heavily 
loaded, high priority calls monopolize the available 
resources resulting in high failure probabilities 
considering low priority calls. Thus, alowpriority 
call may always be blocked while high priority 
calls are unhinderly admitted by the wireless 
network. Therefore, unfairness in resource al¬ 
location and admittance process occurs, which 
constitute a side effect of handoff or SC priori¬ 
tization mechanism. Fairness is correlated with 
resource allocation. Hence, unfairness grows as 
the network resources are more disproportionally 
allocated. There are some CAC schemes which 
can adapt their ad mi ssion procedure as to provide 
the desirable fairness among different priority 
level calls. On the other hand, there are different 
fairness indexes proposed in literature which aim 
at evaluating the existed CAC schemes in terms 
of fairness achieved. 

Fairness can be straightforwardly embedded 
in admission decision process of measurement, 
GC and FGC CAC schemes. In measurement 
based CAC schemes unfairness is measured into 
a time window and admission decision process is 
adapted according to the QoS requirements and 
the already unfairness exhibited (Hwang & Noh, 
2005) (Racunica, Menouni Hayar, & Bonnet, 
2004). This is achieved by measuring the failure 
probabilities for each priority level calls in each 
time window. The unfairness is determined by an 
appropriate index; in many cases the divergence 
among the failure probabilities is used. To achieve 
an increased fairness performance during the 
next time window, CAC scheme determines the 
admission probabilities for each priority level 
calls. In GC and FGC CAC schemes fairness 


could be achieved by adjusting dynamically the 
thresholds for low priority calls employed or the 
admission probabilities used, respectively (Kim 
& Kim, 2005). 

To apply a fair CAC policy either a measure¬ 
ment based or a GC CAC scheme is employed in 
most cases. The main task executed to apply the 
desired policy is to estimate fairness. A simple 
way to measure fairness in CAC procedure is 
to calculate the difference between the total re¬ 
sources allocated (Ahn & Ramakrishna, 2004) to 
different priority level calls or the corresponding 
admittance failure probabilities (Hwang & Noh, 
2005) (Nasser & Hassanein, 2004). In particular, 
consider a wireless network supporting U SCs and 
let P A u be the overall (new and handoff) blocking 
probability of u SC calls. Assuming u +1 SC calls 
have absolute priority over u SC calls, fairness is 
obtained by the difference between the blocking 
probabilities of consecutive SCs which shouldnot 
exceed a predefined deviation value s (Nasser & 
Hassanein, 2004), defined as 

|P^-P 6u+ i|<e ( (40) 

where, u = 1,2,— 1 and 0 < e < 1 . Pa¬ 
rameter value s reflects the maximum tolerable 
deviation between the admittance failure prob¬ 
abilities oftwo consecutive SCs. Asimilarrelation 
can be defined for single SC wireless networks 
based on new CBP and handoff CDP. 

It should be noted that, the above mentioned 
relation is a QoS specification that should be 
met by a CAC scheme and not a way to measure 
unfairness emerged in the admission decision 
procedure. Thus, appropriate fairness indexes 
(FIs) have to be used, each of which should have 
the following desired properties (Jain, Chiu, & 
Hawe, 1984): 

• The FI should be independent of the num¬ 
ber of users sharing the resources or the 
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number of call priority levels supported by 
the network. Therefore, FI should be ap¬ 
plicable to two or more either users or call 
priority levels. 

• FI should be independent of scale. Thus, 
the unit of measurement should not matter 
enabling the comparison between different 
wireless systems or CAC schemes. 

• The values of FI should be bounded be¬ 
tween 0 and 1. In this case, value 0 cor¬ 
responds to totally unfair and 1 to totally 
fair systems. This property facilitates the 
expression of fairness as a percentage val¬ 
ue, which helps the intuitive understanding 
of FI. 

• FI values should be continuous and any 
change made to allocated resources, even a 
slight one, should be reflected to FI. 

In literature there are many FIs proposed, but 
Jain’s Fairness Index (JFI) is the most widespread 
one (Jain, Chiu, & Hawe, 1984). Given a system 
with N contending users and a resource alloca¬ 
tion x = jjCpJCj,..., x n > 0; n = 1,2,...,Tvj, 
JFI(x) is determined as below 

fcV„f 

JFI (x) = i ■ (41) 

E„ =1 < 

It is proven that JFI satisfies the above men¬ 
tioned properties for FIs, therefore in the case of 
total fairness in resource allocation JFI is equal 
to unity, while in total unfairness is equal to 0. 
Alternatively to JFI, any function of the form 


Revenue Approach 

An important efficiency metric for evaluating 
the performance of the CAC scheme applied in 
wireless networks is the total revenue obtained. 
The maximization of the total revenue along 
with the satisfaction of the QoS requirements 
constitutes one of the main targets of the CAC 
schemes applied. To measure the total revenue, 
the average income by each SC supported should 
be determined. This is further classified into the 
income obtained from new and handoff calls for 
a certain SC. Thus, the total average income of u 
SC denoted as R u is given by 

R = R nu + R hu ( 43 ) 

where, R n and R h u correspond to the average 
revenue of new and handoff u SC calls (Yilmaz 
& Chen, 2006). The total average revenue R of 
the wireless network cell under consideration is 
determined as 

R = EL R u = EL ( R n, + R H,U ) , ( 44 ) 

where, U is the total number of SCs supported by 
the wireless network. 

The average revenue of new and handoff u SC 
calls are dependent on the corresponding incom¬ 
ing rate \ n u , the average call duration t u of u 
SC and the charging price p (t 'j determined by 
the demand function defined above (Hou, Yang, 
& Papavassiliou, 2002). Thus, R n u and R h u can 
be calculated as 


[jEl4 *,=/X4)v*. <«) 

I „ 1 . r€M‘-{l}(42) 

^*»,.=/. V(') t A < 46 > 

satisfies the FI requirements set, thus it can also . , , m „ 

, , y ~.y respectively,where T = 24« .Ifrevenueoptimi- 

be used as a FI. . . ' ,, 

zation is preferable, then the chargmg price tor 
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each SC calls is obtained, while specific network 
parameters and CAC design specifications are 
determined. 


FUTURE RESEARCH DIRECTIONS 

Due to the time varying characteristics of mobile 
wireless systems, the limited available resources 
and the users mobility, RRM has riveted scientists 
attention. New techniques based on cross layer 
design will enhance the existent CAC schemes 
providing a robust mechanism to exploit the po¬ 
tentials of emerging wireless networks. In the new 
wireless era, where different networks providers 
will exist supporting various radio access technolo¬ 
gies, novel CAC schemes should be developed to 
handle the heterogeneous traffic. Moreover, the 
new multimedia services introduced the recent 
years and the increasing demand for high rate 
applications constitute the development of new 
CAC schemes more imperative than ever. 

CAC schemes can be evolved into a powerful 
tool to ensure the QoS provision of mobile wire¬ 
less networks, increase resources exploitation and 
prevent networks overload. Moreover, they should 
be cognizant of the various QoS parameters that 
should be satisfied, such as low CBP and CDP, 
fairness among users, session continuity during 
handoffs, etc. Each SC supported by the mobile 
wireless system should be treated in accordance 
with its QoS requirements and network capabili¬ 
ties. Novel CAC schemes can be based on eco¬ 
nomic models incorporating price bargaining and 
resource allocation according to game theoretic 
analysis. Although CAC is an old problem which 
has been thoroughly studied in literature world¬ 
wide, it still constitutes an open research field 
as the new trends emerged in wireless networks 
alter CAC objectives creating new perspectives 
and demands. 


CONCLUSION 

In this chapter the importance of CAC in wireless 
networks for providing QoS guarantees has been 
investigated. CAC algorithms are important for 
wireless networks not only for providing the ex¬ 
pected QoS requirements to mobile users, but also 
to maintain network consistency and prevent con¬ 
gestion. To address the problem of CAC the main 
term of QoS has been firstly examined. Different 
QoS levels supported by the network correspond 
to the respective SCsoffered to mobile users. Each 
SC has its own requirements and specifications 
which should be met to offer a satisfactory QoS 
to end users. Thus, various challenges arise in 
efficient CAC schemes design that have been 
determined and thoroughly investigated in the 
present chapter. To measure the appropriateness 
of a certain CAC scheme several criteria should be 
satisfied. Therefore, an analytical presentation of 
CAC criteria followed by a comprehensive clas¬ 
sification of existing schemes has been performed. 
The main idea of CAC scheme classification is 
that different schemes apply individual criterion 
onadmissionprocedure. Moreover, various system 
architectures exist which demand different CAC 
schemes, properly designed to adapt to system 
characteristics. Furthermore, the concerns of 
the network administrator should be taken into 
account, applying the policy needed for revenue 
optimization and maximum resource exploitation 
through CAC. Analytical models for the most 
common CAC schemes have been exhibited. An 
efficient CAC scheme should achieve low failure 
probabilities, highnetworkresources exploitation, 
fairness in resource allocation among different 
users and revenue optimization. To evaluate the 
performance of CAC schemes studied according 
to these aspects, various efficiency criteria have 
been presented. The key idea of this chapter, apart 
from offering a comprehensive study of CAC 
process in wireless networks, is to lay emphasis 
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on the CAC method itself as a powerful tool to 
provide the desirable QoS level to mobile users 
along with the maxi miz ation of network resource 
exploitation. 
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ABSTRACT 

The plethora of mobile multimedia services that are expected to face high penetration, poses the need 
for the deployment of a resource economic scheme in Long Term Evolution (LTE) networks. To this 
direction, the Evolved - Multimedia Broadcast / Multicast Service (E-MBMS) is envisaged to play an 
instrumental role for LTE proliferation and set the basis for a successful 4th Generation (4G) standard¬ 
ization process. One of the most critical aspects of E-MBMS performance is the selection of the most 
efficient radio bearer, in terms ofpower consumption. This chapter presents the prevailing radio bearer 
selection mechanisms and examines their performance in terms ofpower consumption. Furthermore, it 
discusses problems regarding the high power requirements for the realization of E-MBMS and evaluates 
the proposed techniques/solutions. Finally, this chapter presents a novel mechanism for efficient power 
control during E-MBMS transmissions that conforms to LTE requirements for simultaneous provision 
of multiple multimedia sessions. 


INTRODUCTION 

Nowadays, mobile industry rapidly evolves towards 
a multimedia-oriented model for providing rich 
services, such as mobile TV and mobile stream¬ 
ing. Long Term Evolution (LTE) networks address 
this emerging trend, by shaping the future mobile 
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landscape in a more power and spectral efficient 
way than its predecessors. 

LTE technology improves spectral efficiency and 
sector capacity and lowers the telecommunication 
costs for service provision, making use of new and 
reformed spectrum opportunities andbetter integra¬ 
tion with other open standards. These enhancements 
compared to Universal Mobile Telecommunication 
System (UMTS) technology, give LTE networks the 
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opportunity to offer high throughput, low latency, 
plug and play, improved end-user experience and 
simple architecture resulting in low operating 
expenditures. 

More specific, LTE networks provide high peak 
rates of at least 100 Mbps in the downlink and 50 
Mbps in the uplink. Contrary to UMTS networks 
that provide peak rates of 384 Kbps (or 21 Mbps 
with HSDPA) in the downlink, LTE networks 
may overcome the recent increase of mobile data 
usage and emergence of new applications such as 
mobile TV and streaming contents. However, the 
plethora of mobile multimedia services that are 
expected to face high penetration, poses the need 
for deploying complementary resource economic 
schemes. 

To this direction, the Evolved - Multimedia 
Broadcast/Multicast Service (E-MBMS) is en¬ 
visaged to play an instrumental role for the LTE 
proliferation in mobile market and set the basis for 
a successful 4 th Generation (4G) standardization 
process. E-MBMS constitutes the evolutionary 
successor of MBMS, which was introduced in the 
Release 6 of UMTS (3 rd Generation Partnership 
Project TR 23.846,2003; 3 rd Generation Partner¬ 
ship ProjectTS 22.146,2008). It is a unidirectional 
service which targets at the resource economic 
delivery of multimedia data from a single source 
entity to multiple recipients. The main require¬ 
ment during the provision of E-MBMS services 
is to make an efficient overall usage of radio and 
network resources and more importantly, to reduce 
the power requirements for the provision of such 
demanding services. 

Power in mobile networks is the most limited 
resource and may lead to significant capacity 
decrease when misused. Providing multicast or 
broadcast services to a meaningful proportion 
of a cell coverage area may require significant 
amounts of power dedicated to the multicast 
or broadcast transmission. Several techniques, 
such as Dynamic Power Setting (DPS), Macro 
Diversity Combining (MDC) and Rate Splitting 
(RS) have been introduced in order to mi ni miz e 


the base station’s total E-MBMS transmission 
power. This chapter examines the operation and 
performance of these techniques and demonstrates 
the amount of power that could be saved through 
their employment. 

Furthermore, a critical aspect of E-MBMS 
performance is the selection of the most efficient 
radio bearer, in terms of power consumption, for 
the transmission ofmultimedia traffic. The system 
should conceive and adapt to continuous changes 
that occur in such dynamic wireless environments 
and optimally allocate resources. The selection of 
the most efficient radio bearer is an open issue 
in today’s E-MBMS infrastructure and several 
mechanism s have been proposed to this direction. 
Nevertheless, the selection of the most appropriate 
mechanism is plagued with uncertainty, since each 
mechanism may provide specific advantages. In 
this chapter, the prevailing radio bearer selection 
mechanism s are presented and compared in terms 
of power consumption so as to highlight the ad¬ 
vantages that each mechanism may provide. 

Finally, this chapter presents a novel mecha¬ 
nism for efficient power control during E-MBMS 
transmissions that incorporates the advantages of 
each mechanism. The most remarkable advantage 
of the proposed mechanism, that actually differen¬ 
tiates it from the other approaches, is that it con¬ 
forms to LTE requirements for the simultaneous 
provision of multiple multimedia sessions. This 
approach is compared with the aforementioned 
approaches in terms of both power consumption 
and complexity so as to highlight its e nha ncements 
and underline the necessity for its incorporation 
in E-MBMS specifications. 

Main objective of this chapter is to present 
the main characteristics regarding the operation 
and performance of E-MBMS and moreover to 
highlight the significance of power control during 
E-MBMS transmissions. The reader will become 
familiar with the most crucial problems that have 
a direct impact on E-MBMS performance; and 
moreover, the reader will be introduced to the 
proposed techniques/solutions. 
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BACKGROUND 

In MBMS rich wireless multimedia data is trans¬ 
mitted simultaneously to multiple recipients, by 
allowing resources to be shared in an economical 
way. MBMS efficiency is derived from the single 
transmission of identical data over a common 
cha nn el without clogging up the air interface with 
multiple replications of the same data. 

The major factor for integrating MBMS into 
UMTS networks was the rapid growth of mobile 
communications technology and the massive 
spread of wireless data and wireless applications. 
The increasing demand for communication be¬ 
tween one sender and many receivers led to the 
need for point-to-multipoint (PTM) trans mi ssion. 
PTM transmission is opposed to the point-to-point 
(PTP) transmission, using the unicast technol¬ 
ogy, which is exclusively used in conventional 
UMTS networks (without the MBMS extension). 
Broadcast and multicast technologies constitute 
an efficient way to implement this type of com¬ 
munication and enable the delivery of a plethora 
of high-bandwidth multimedia services to a large 
users’ popularity. 

From the service and operators’ point of view, 
the employment of MBMS framework involves 
both an improved network performance and a 
rational usage of radio resources, which in turns 
leads to extended coverage and service provision. 
In parallel, users are able to realize novel, high 
bit-rate services, experienced until today only by 
wired users. Such services include Mobile TV, 
weather or sports news as well as fast and reliable 
data downloading (Holma & Toskala, 2007). 

MBMS Operation Modes 

As the term MBMS indicates, there are two types of 
service mode: the broadcast mode and the multicast 
mode. Each mode has different characteristics in 
terms of complexity and packet delivery. 

The broadcast service mode is a unidirectional 
PTM transmission type. Actually, with broadcast, 


the network simply floods data packets to all 
nodes within the network. In this service mode, 
content is delivered, using PTM transmission, to 
a specified area without knowing the receivers 
and whether there is any receiver in the area. As 
a consequence, the broadcast mode requires no 
subscription or activation from the users’ point 
of view. 

In the multicast operation mode, data is trans¬ 
mitted solely to users that explicitly request such 
a service. More specifically, the receivers have to 
signal their interest for the data reception to the 
network and then the network decides whether the 
user may receive the multicast data or not. Thus, 
in the multicast mode there is the possibility for 
the network to selectively trans mi t to cells, which 
contain members ofa multicast group. Either PTP 
or PTM transmission can be configured in each cell 
for the multicast operation mode (3 rd Generation 
Partnership Project TS 22.146, 2008). 

Unlike the broadcast mode, the multicast mode 
generally requires a subscription to the multicast 
subscription group and then the user joining the 
corresponding multicast group. Moreover, due to 
the selective data transmission to the multicast 
group, it is expected that charging data for the 
end user will be generated for this mode, unlike 
the broadcast mode. 

MBMS Architecture 

The MBMS framework requires minimal modi¬ 
fications in the current UMTS architecture. As a 
consequence, this fact enables the fast and smooth 
upgrade from pure UMTS networks to MBMS- 
enhanced UMTS networks. Actually, MBMS 
consists of a MBMS bearer service and a MBMS 
user service. The latter represents applications, 
which offer for example multimedia content to 
the users, while the MBMS bearer service pro¬ 
vides methods for user authorization, charging 
and Quality of Service (QoS) improvement to 
prevent unauthorized reception (3 rd Generation 
Partnership Project TS 22.146, 2008). 
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Figure 1. UMTS and MBMS architecture 



UMTS network is split in two main domains: 
the User Equipment (UE) domain and the Public 
Land Mobile Network (PLMN) domain. The UE 
domain consists of the equipment employed by 
the user to access the UMTS services. The PLMN 
domain consists oftwo land-based infr astructures: 
the Core Network (CN) and the UMTS Terrestrial 
Radio Access Network (UTRAN) (Figure 1). The 
CN is responsible for switching/routing voice and 
data connections, while the UTRAN handles all 
radio-related functionalities. The CN is logically 
divided into two service domains: the Circuit- 
Switched (CS) service domain and the Packet- 
Switched (PS) service domain (Holma & Toskala, 
2007). The CS domain handles the voice-related 
traffic, while the PS domain handles the packet 
transfer. The remainder of this chapter will focus 
on the UMTS packet-switching mechanism. 

The PS portion of the CN in UMTS consists 
of two kinds of General Packet Radio Service 
(GPRS) SupportNodes (GSNs), namely Gateway 
GSN (GGSN) and Serving GSN (SGSN) (Figure 
1). SGSN is the centerpiece of the PS domain. 
It provides routing functionality, interacts with 
databases (like Home Location Register (HLR)) 
and manages many Radio Network Controllers 
(RNCs). SGSN is connected to GGSN via the Gn 


interface and to RNCs via the Iu interface. GGSN 
provides the interconnection of UMTS network 
(through the Broadcast Multicast-Service Center) 
with other Packet Data Networks (PDNs), like 
the Internet. 

UTRAN consists of two kinds of nodes: the 
first is the RNC and the second is the Node B. 
Node B constitutes the base station and provides 
radio coverage to one or more cells (Figure 1). 
Node B is connected to the UE via the Uu interface 
(based on the Wideband Code Division Multiple 
Access, WCDMAtechnology) and to the RNC via 
the Iub interface. One RNC with all the connected 
to it Node Bs is called Radio Network Subsystem 
(RNS) (Holma & Toskala, 2007). 

The major modification in the existing 
UMTS platform for the provision of the MBMS 
framework is the addition of a new entity called 
Broadcast Multicast-Service Center (BM-SC, see 
Figure 1). Actually, BM-SC acts as entry point 
for data delivery between the content providers 
and the UMTS network and is located in the PS 
domain of the CN. The BM-SC entity communi¬ 
cates with existing UMTS networks and external 
PDNs (3 rd Generation Partnership Project TR 
23.846, 2003; 3 rd Generation Partnership Project 
TS 22.146, 2008). 
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Figure 2. UMTS multicast without MBMS enhancement 



Multicast Broadcast Source 


The BM-SC is responsible for both control and 
user planes of a MBMS service. More specifi¬ 
cally, the function of the BM-SC can be separated 
into five categories: Membership, Session and 
Transmission, Proxy and Transport, Service An¬ 
nouncement and Security function. The BM-SC 
Membership function provides authorization to 
the UEs requesting to activate a MBMS service. 
According to the Session and Transmission func¬ 
tion, the BM-SC can schedule MBMS session 
transmissions and shall be able to provide the 
GGSN with transport associated parameters, 
such as QoS and MBMS service area. As far as 
the Proxy and Transport function is concerned, 
the BM-SC is a proxy agent for signaling over 
Gmb reference point between GGSNs and other 
BM-SC functions. Moreover, the BM-SC Service 
Announcement function must be able to provide 
service announcements formulticastand broadcast 
MBMS user services and provide the UE with 


media descriptions specifying the media to be 
delivered as part of a MBMS user service. Finally, 
MBMS user services may use the Security func¬ 
tions for integrity or confidentiality protection 
of the MBMS data, while the specific function is 
used for distributing MBMS keys (Key Distribu¬ 
tion Function) to authorized UEs. 

Multicast Mode of MBMS 

MBMS multicast efficiency improvement in 
UMTS networks canbe derived If omthe following 
figures. More specifically, Figure 2 and Figure 3 
present UMTS multicast functionality without and 
with MBMS enhancement respectively. 

Without the MBMS enhancement, multicast 
data is replicated as many times as the total number 
of multicast users in all interfaces. Obviously, a 
bottleneck is placed when the number of users 
increases significantly. All interfaces are heavily 


Figure 3. UMTS multicast with MBMS enhancement 



Multicast Broadcast Source 
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Figure 4. Packet delivery in MBMS multicast mode 


BM-SC 



overloaded due to the multiple transmi s sions of the 
same data. On the other hand, MBMS multicast 
benefits UMTS networks through the radio and 
network resources’ sharing. Only a single stream 
per MBMS service of identical data is essential 
for the delivery of the multicast content, thus sav¬ 
ing expensive resources. Conclusively, MBMS 
multicast data distribution is optimally configured 
throughout the UMTS network. 

Packet Delivery Process 

An overview of the multicast data flow procedure 
during a MBMS service provision is presented 
in this paragraph. Figure 4 depicts a subset of 
a UMTS-MBMS network. In this architecture, 
there are two SGSNs connected to a GGSN, four 
RNCs, and twelve Node Bs. Furthermore, eleven 
members of a multicast group are located in six 
cells. The BM-SC acts as the interface towards 
external sources of traffic. The presented analysis 
assumes that a data stream that comes from an 


external PDN, through BM-SC, must be delivered 
to the eleven UEs as illustrated in Figure 4. 

The analysis presented in the following para¬ 
graphs, covers the forwarding mechanism of the 
data packets between the BM-SC and the UEs. 
With multicast, the packets are forwarded only to 
thoseNodeBsthathavemulticast users. Therefore, 
in Figure 4, the Node Bs 2, 3, 5, 7, 8, 9 receive 
the multicast packets issued by the BM-SC. We 
briefly summarize the five steps occurred for the 
delivery of the multicast packets. 

Initially, the BM-SC receives a multicast packet 
and forwards it to the GGSN that has registered 
to receive the multicast traffic. Then, the GGSN 
receives the multicast packet and by querying its 
multicast routing lists, it determines which SGSNs 
have multicast users residing in their respective 
service areas. In Figure 4, the GGSN duplicates 
the multicast packet and forwards it to the SGSN1 
and the SGSN2 (Alexiou, Antonellis, Bouras & 
Papazois, 2006). Then, both destination SGSNs 
receive the multicast packets and, having queried 
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their multicast routing lists, determine which 
RNCs are to receive the multicast packets. The 
destination RNCs receive the multicast packet 
and send it to the Node Bs that have established 
the appropriate radio bearers for the multicast 
application. In Figure 4, these are: Node B2, B3, 
B5, B7, B8, and B9. The multicast users receive 
the multicast packets on the appropriate radio 
bearers, by dedicated cha nn els transmitted to in¬ 
dividual users separately or by common cha nn els 
transmitted to all members in the cell (Alexiou, 
Antonellis, Bouras & Papazois, 2006). 

MBMS Multicast Mode Radio Bearers 

According to current MBMS specifications, the 
transmission ofthe MBMS multicast packets over 
the Iub and Uu interfaces may be performed on 
common (Forward Access Channel - FACH), on 
dedicated (DedicatedChannel - DCH) cha nn els or 
on the shared cha nn el named High Speed - Down¬ 
link Shared Channel (HS-DSCH), introduced in 
Release 5. The main requirement is to make an 
efficient overall utilization of the radio resources: 
this makes a common channel the favorite choice, 
since many users can access the same resource 
at the same time. 

More specifically, the transport cha nn el that 
the 3 rd Generation Partnership Project (3GPP) 
decided to use as the main transport channel for 
PTM MBMS data transmission is the FACH with 
turbo coding and Quadrature Phase Shift Keying 
(QPSK) modulation at a constant transmission 
power (3 rd Generation Partnership Project TR 
23.846,2003). DCH is a PTP channel and hence, 
it suffers from the inefficiencies of requiring 
multiple DCHs to carry the data to a group of us¬ 
ers. However, DCH can employ fast closed-loop 
power control and soft handover mechani s m s 
and generally is a highly reliable cha nn el (Boni, 
Launay, Mienville & Stuckmann, 2004; Holma 
& Toskala, 2007). The allocation of HS-DSCH as 
transport channel affects the obtained data rates 
and the remaining capacity to serve Release ‘99 


users (users served by DCH). High Speed Down¬ 
link Packet Access (HSDPA) cell throughput 
increases when more HSDPA power is allocated, 
while DCH throughput simultaneously decreases 
(Holma & Toskala, 2006). 

Radio Bearers’ Selection 

The importance of the selection of the most ef¬ 
ficient transport cha nn el in terms of power con¬ 
sumption is a key point for MBMS, since a wrong 
transport channel selection for the transmission 
of the MBMS data could result to a significant 
decrease in the total capacity of the system. 
Several studies and simulations have been car¬ 
ried out focusing on the threshold for switching 
between dedicated and common resources. The 
3GPP MBMS Counting Mechanism was the 
prevailing approach mainly due to its simplicity 
of implementation and function (3 rd Generation 
Partnership Project TS 25.346, 2009). On the 
other hand, Vriendt, Gomez Vinagre & Van Ewijk 
(2004) claim that for a FACH with transmission 
power set to 4 Watt, the threshold for switching 
from dedicated to common resources is around 
7 UEs per cell. 

However, only the information about the 
number of users in a cell may not be sufficient 
so as to select the appropriate radio bearer (PTP 
or PTM) for the specific cell. The inefficiencies 
of the above works and the power limitations that 
wireless network encounter motivated novel ap¬ 
proaches, indicating that there is no need for a priori 
information and predefined switching thresholds; 
while, the assignment of the radio bearer should 
be performed in order to minimize the Node B’s 
power requirements (3 rd Generation Partnership 
Project TR 25.922, 2007). An interesting study 
under these assumptions is presented in B-BONE 
(2003), where the authors propose a switching 
point between PTP and PTM bearers, based on 
power consumption; while, Alexiou, Bouras & 
Rekkas (2007) propose a power control scheme 
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for efficient radio bearer selection in MBMS 
enabled UMTS networks. 

However, none ofthese works and approaches 
considers the power saving techniques that have 
been proposed (Alexiou, Bouras & Kokkinos, 
2007). Techniques, such as FACH Dynamic 
Power Setting and Rate Splitting are proven to 
reduce the power requirements during MBMS 
trans mi ssions and should be incorporated in the 
MBMS operation. 


POWER CONTROL IN E-MBMS 
MULTICAST MODE 

Power control is one of the most critical aspects in 
MBMS due to the fact that downlink transmission 
power in UMTS networks is a limited resource 
and must be shared efficiently among all MBMS 
users in a cell. Power control aims at minimizing 
the transmitted power, eliminating in this way the 
intercell interference. However, whenmisused, the 
use of power control may lead to a high level of 
wasted power and worse performance results. 

On the PTP downlink transmissions, fast 
power control is used to maintain the quality of 
the link and thus to provide a reliable connection 
for the receiver to obtain the data with acceptable 
error rates. Transmitting with just enough power 
to maintain the required quality for the link also 
ensures that there is minimum interference af¬ 
fecting the neighboring cells. However, when 
a user consumes a high portion of power, more 
than actually is required, the remaining power, 
allocated for the rest of the users, is dramatically 
decreased, thus leading to a significant capacity 
loss in the system. 

During PTM downlink transmissions, Node 
B transmits at a power level that is high enough 
to support the connection to the receiver with the 
highest power requirement among all receivers in 
the multicast group. This would still be efficient 
because the receiver with the highest power 
requirement would still need the same amount 


of power in a unicast link, and by satisfying that 
particular receiver’s requirement, the transmission 
power will be enough for all the other receivers in 
the multicast group. Consequently, the transmitted 
power is kept at a relatively high level most of the 
time, which in turn, increases the signal quality at 
each receiver in the multicast group. On the other 
hand, a significant amount of power is wasted and 
moreover intercell interference is increased. 

As a consequence, downlink transmission 
power plays a key role in MBMS planning and 
optimization. This section provides an analytical 
description of the HS-DSCH, DCH and FACH 
power profiles that are employed during PTP 
and PTM tran s mission. The following analysis 
refers to a macrocell environment with parameters 
described in Table 1 (3 rd Generation Partnership 
Project TR 101.102, 2002; Holma & Toskala, 
2007). 

HS-DSCH Power Profile 


HS-DSCH is a rate controlled rather than a power 
controlled transport channel. Although there are 
two basic modes for allocating HS-DSCH trans¬ 
mission power (Holma & Toskala, 2006), this 
chapter will focus on a dynamic method in order 
to provide only the required, marginal amount 
of power so as to satisfy all the serving multicast 
users and, in parallel, eliminate interference. Two 
major measures for HSDPA power planning are: 
the HS-DSCH Signal-to-Interference-plus-Noise 
Ratio (SINR) metric and the Geometry factor 
(G). SINR for a single-antenna Rake receiver is 
calculated as in (1) (Holma & Toskala, 2006): 


pP + P other + P „oU 


( 1 ) 


where P HS _ DSCH is the HS-DSCH transmission 
power, P is the own cell interference experienced 
by the mobile user, P other the interference from 
neighboring cells and P noise the Additive White 
Gaussian Noise. Parameter p is the orthogonality 
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Table 1. Macrocell simulation assumptions 


Parameter 

Value 

Cellular layout 

Hexagonal grid 

Number of cells 

18 

Sectorization 

3 sectors/cell 

Site to site distance 

1 Km 

Cell radius 

0.577 Km 

Maximum BS Tx power 

20 Watt (43 dBm) 

Other BS Tx power 

5 Watt (37 dBm) 

Common channel power 

1 Watt (30 dBm) 

Propagation model 

Okumura Hata 

Multipath channel 

Vehicular A (3km/h) 

Orthogonality factor 

0.5 

EJN 0 target 

5dB 


factor (p = 0: perfect orthogonality), while SF j6 
is the spreading factor of 16. 

Geometry factor is another major measure that 
indicates the users’ position throughout a cell. 
A lower G is expected when a user is located at 
the cell edge. G is calculated as in (2) (Holma & 
Toskala, 2007): 



There is a strong relationship between the HS- 
DSCH allocated power and the obtained MBMS 
cell throughput. This relationship canbe disclosed 
in the three following steps. Initially, we have to 
define the target MBMS cell throughput. Once 
the target cell throughput is set, the next step is to 
define the way that this throughput relates to the 
SINR (Holma & Toskala, 2006). Finally, we can 
describe howtherequiredHS-DSCH transmission 
power (P HS DSCH ) can be expressed as a function of 
the SINR value and the user location (in term s of 
G) as in (3) (Holma & Toskala, 2006): 

r HS -oscH>smp-G- l ]^r ( 3 ) 


DCH Power Profile 


The total downlink transmission power allocated 
for all MBMS users in a cell that are served by 
multiple DCHs is variable. It mainly depends on 
the number of serving users, their location in the 
cell, the bit rate of the MBMS sessionandthe expe¬ 
rienced signal quality E b /N for each user. Equation 
4 calculates the Node B’s total DCH transmission 
power required for the transmission of the data to 
n users in a specific cell (Perez-Romero, Salient, 
Agusti & Diaz-Guerra, 2005). 




66a¬ 


i-E- 




( 4 ) 


where P T is the base station’s total transmitted 
power, P p is the power devoted to common control 
channels L . is the path loss, R b . the i‘ h user trans¬ 
mission rate, Wthc bandwidth, P v thc background 
noise,/) is the orthogonality factor (p =0 for perfect 
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Figure 5. DCH transmission (Tx) power 



orthogonality) and x is the intercell interference 
observed by the i‘ h user given as a function of the 
transmitted power by the neighboring cells P TJ , 
j=l, ...K and the path loss from this user to the j th 
cell L.. More specifically (Perez-Romero, Salient, 
Agusti & Diaz-Guerra, 2005): 



DCH may be used for the delivery of PTP 
MBMS services, while can not be used to serve 
large multicast populations since high downlink 
transmission power would be required. Figure 5 
depicts the downlink transmission power when 
MBMS multicast data is delivered over multiple 
DCHs (one separate DCH per user). Obviously, 
higher power is required to deliver higher MBMS 
data rates. In addition, increased cell coverage 
area and larger user groups lead to higher power 
consumption. 


FACH Power Profile 

A FACH essentially transmits at a fixed power 
level since fast power control is not supported. 
FACH is a PTM channel and must be received 
by all users throughout the cell (or the part of the 
cell that the users reside in), thus, the fixed power 
should be high enough to ensure the requested 
QoS in the desired coverage area of the cell, 
irrespective of users’ location. FACH power ef¬ 
ficiency strongly depends on maximizing diversity 
as power resources are limited. Diversity can be 
obtained by the use of a longer TransmissionTime 
Interval (TTI) in order to provide time diversity 
against fast fading (fortunately, MBMS services 
are not delay sensitive) and the use of combining 
transmissions from multiple cells to obtain macro 
diversity (3 rd Generation Partnership Project TR 
25.803, 2005; Parkvall, Englund, Lundevall & 
Torsner, 2006). 

Table 2 presents some indicative FACH down¬ 
link transmission power levels obtained forvarious 
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Table 2. FACH Txpower levels 


Cell Coverage 

50% 


Service Bit Rate (Kbps) 

32 

64 

32 

64 


Required Tx Power (Watt) 


2.5 
4.0 

7.6 


cell coverage areas and MBMS bit rates, without 
assuming diversity techniques (3 rd Generation 
Partnership Project TR 25.803, 2005). A basic 
constraint is that the delivery of high data rate 
MBMS services over FACH is not feasible, since 
excessive downlink transmission power would 
be required (overcoming the maximum available 
power of 20 Watt). High bit rates can only be of¬ 
fered to users located very close to Node B. 

POWER SAVING TECHNIQUES 

In this section, the main problem during a MBMS 
session is highlighted and the proposed techniques 
to overcome this problems are presented. The 
analysis that follows will constitute the guide for 
our assumptions and simulation experiments. 

The main problem during a MBMS session, in 
terms of power consumption, is the exceedingly 
high fixed power levels when allocating FACH 
as transport channel. As an example, we mention 
that in order to provide a 128 Kbps MBMS service 
with a FACH coverage set to the 95% of the cell, 
16 Watt of power are required. If we contemplate 
that the maximum trans mi ssion power of the Node 
B is 20 Watt (which should be shared among all 
the users of the cell and among all the possible 
services), it becomes comprehensible that this 
level of power makes impossible the provision 
of services with such bit rates. The techniques 
which are stated in the remaining of this section 
partly overcome this problem, since they reduce 
the FACH transmission power levels. 


Dynamic Power Setting (DPS) 

DPS is the technique where the transmission 
power of the FACH can be determined based on 
the worst user’s path loss. This way, the FACH 
transmission power is allocated dynamically; and 
the FACH trans mi ssion power will need to cover 
the whole cell only if one (or more) user is at the 
cell boundary. To perform DPS, the MBMS users 
need to turn on measurement report mechanism 
while they are on the Cell FACH state. Based on 
such measurement reports, the Node B can adjust 
the transmission power of the FACH (Chuah, Hu 
& Luo, 2004). 

This is presented in Figure 6, where the Node 
B sets its transmission power based on the worst 
user’s path loss ( i.e . distance). The information 
about the path loss is sent to the Node B via uplink 
cha nn els. The examination of Figure 6 reveals that 
4.0 Watt are required in order to provide a 32 Kbps 
service to the 95% of the cell. However, supposing 
that all the MBMS users are found near the Node 
B (10% coverage) only 0.9 Watt are required. In 
that case, 3.1 Watt (4.0 Watt minus 0.9 Watt) can 
be saved while delivering a 32 Kbps service, as 
with DPS the Node B will set its trans mi ssion 
power so as to cover only the 10% of the cell. 
The corresponding power gain increases to 6.2 
Watt for a 64 Kbps service and to 13.4 Watt for 
a 128 Kbps service. These high sums of power 
underline the need for using this technique. 
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Figure 6. FACH Txpower with DPS (RL: Radio Link) 



Macro Diversity Combining (MDC) 

Diversity is a technique to combine several cop¬ 
ies of the same message received over different 
channels. Macro Diversity is normally applied 
as diversity switching where two or more base 
stations serve the same area, and control over the 
mobile is switched among them. Basically, the 
Diversity Combining concept consists of receiving 
redundantly the same information bearing signal 
over two or more fading channels, and combine 
these multiple replicas at the receiver in order 
to increase the overall received Signal-to-Noise 
Ratio (SNR). 

Figure 7 presents how the FACH transmission 
power level changes with cell coverage when 
MDC is applied. For the needs of the simulation 
we considered that a 64 Kbps service should de¬ 
livered, using 1, 2 or 3 Node Bs (or radio links). 
TTI is assumed to be 80 ms. The main idea with 
regard to MDC is to decrease the power level 
from a Node B when it serves users near the cell 


edge. However, as we assume 3 sectors per cell 
(see Table 1), this technique can also be used for 
distances near the Node B, where each sector is 
considered as one radio link (RL). Succinctly, in 
Table 3 we mention some cases that reveal the 
power gains with this technique. 

As the user receives data from two (or three) 
Node Bs, simultaneously the required power of 
each Node B is decreased; however, the total re¬ 
quired power remains the same and sometimes it is 
higher. Nevertheless, this technique is particularly 
useful when the power level of a specific Node 
B is high, while respectively the power level of 
its neighboring Node B is low. 

Rate Splitting (RS) 

The RS technique assumes that the MBMS data 
stream is scalable, thus it can be split into sev¬ 
eral streams with different QoS. Only the most 
important stream is sent to all the users in the cell 
to provide the basic service. The less important 
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Figure 7. FACH Txpower with MDC (1 Radio Link (RL), 2RLs and 3RLs) 



% Cell Coverage 


streams are sent with less amount of power or 
coding protection and only the users who have 
better cha nn el conditions (i.e. the users close to 
Node B) can receive those to enhance the quality 
on top of the basic MBMS. This way, transmis¬ 
sion power for the most important MBMS stream 
can be reduced because the data rate is reduced, 
and the transmission power for the less important 
streams can also be reduced because the coverage 
requirement is relaxed (3 rd Generation Partnership 
Project Rl-021239, 2002). 


In the following scenario, we consider that a 
64 Kbps service can be split in two streams of 32 
Kbps. The first 32 Kbps stream (basic stream) is 
provided throughout the whole cell, as it is sup¬ 
posed to carry the important in formation of the 
MBMS service. On the contrary, the second 32 
Kbps stream is sent only to the users who are close 
to the Node B (50% of the cell area) providing 
the users in the particular region the full 64 Kbps 
service. Figure 8 depicts the way the operation of 


Table 3. Indicative FACH Tx power levels with MDC 


Cell Coverage 

j Radio Links 

Required Tx Power (Watt) 

50% 

1 

2.5 


2 

2.0 


3 

1.5 

95% 

1 

7.6 


2 

4.0 


3 

2.4 
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Figure 8. MBMS provision with RS 



Basic stream: 32 kbps 
(FACH 95 % Coverage) 

a _Second stream: 32 kbps 

(FACH 50 % Coverage) 


the RS technique, in terms of channel selection 
and cell coverage. 

From Table 2 it can be seen that this technique 
requires 5.8 Watt (4.0 for the basic stream and 
1.8 for the second). On the other hand, in order 
to deliver a 64 Kbps service using a FACH with 
95% coverage the required power would be 7.6 
Watt. Thus, 1.8 Watt can be saved through the RS 
technique. However, it is worth mentioning that 
this power gain involves certain negative results. 
Some of the users will not be fully satisfied, as 
they will only receive the 32 Kbps of the 64 Kbps 
service, even if these 32 Kbps have the important 
information. As the observed difference will be 
small, the Node B should weighbetween the trans¬ 
mission power and the users’ requirements. 

Usage of Longer TTI and 
Space Diversity (LTTI) 

These two methods can be employed in the physi¬ 
cal layer to benefit every member of the MBMS 
group in a cell. Space-time processing techniques 
exploit diversity in both the spatial and temporal 


domains. On the one hand, an increment in TTI 
length (from 20 ms to 80 ms) can provide signifi¬ 
cant power gain; however, the use of longer TTI 
introduces more complexity and larger memory 
space requirement in the mobile station. On the 
other hand, space diversity assumes two transmit 
antennas and a single data stream in order to 
improve the signal quality and reduce the power 
requirements. The main benefit of using Space 
Time Transmit Diversity (STTD) is a reduction in 
the downlink EJN g requirement. These improve¬ 
ments in EJN g requirement impact upon both 
downlink system capacity and downlink service 
coverage (3 rd Generation Partnership Project 
Rl-021234, 2002; 3 rd Generation Partnership 
Project TR 25.803, 2005). Fortunately, some 
MBMS services are not delay sensitive. In that 
case, diversity can be obtained by using the LTTI 
technique (Figure 9). 

Table 4 demonstrates certain cases that reveal 
the sums of power that can be saved while deliver¬ 
ing a 64 Kbps service, by increasing the TTI length 
and obtaining STTD. The above power levels are 
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Figure 9. FACH Tx power with LTTI 



% Cell Coverage 


indicative of the sums of power that can be saved service. In this approach, the FACH channel only 

with the LTTI technique. covers the inner part of the sector (e.g. 50% of the 

sector area) and provides the MBMS service to 
Mixed Usage of Multiple DCH the users that are found in this part (“inner part” 

channels and FACH (MDF) users). The rest of the users are served using DCH 

to cover the remaining outer cell area (“outer part” 
The MDF can significantly decrease the Node B’s users). Figure 10 represents the way of providing 

transmission power, depending on the number and a MBMS service according to the MDF technique, 

the location of the users that receive the MBMS The total downlink power consumption including 


Table 4. Indicative FACH Tx power levels with LTTI 
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Figure 10. MBMS provision with MDF 



FACH and dedicated channels obviously depends 
on the number of users who are served by DCHs 
and their location (3 rd Generation Partnership 
Project R1-021240, 2002). 

The main goal is to examine how the transmis¬ 
sion power is affected by the number of users. 
Figure 11 represents the Node B’s total trans¬ 
mission power as a function of the number of 
the “outer part” users. The total power in Figure 
11 includes the power that is required in order 
to cover the 50% of the cell with FACH (i.e. 2.5 
Watt). Moreover, the number of the “inner part” 
users is assumed to be high enough, so as to justify 
the choice of FACH as the transport cha nn el in 
the inner part. 

Apart from the power required for the MDF 
technique, the power allocation level of a FACH 
with 95% cell coverage is depicted. This parallel 
plot intends to highlight the fact that a switch 
from MDF to a pure FACH has to be performed 
or vice versa. For instance, in Figure 11 when the 
“outer part” users exceeds 7, the total power (i.e. 
the power to cover the inner part with FACH plus 
the power to cover the outer part with DCHs) ex¬ 
ceeds the power that is required in order to cover 
the whole cell with a single FACH. Thereby, it 


is more “power efficient” to use a FACH with 
95% coverage. 

Except for the power gain described above, 
the MDF technique ensures one more advantage. 
This advantage relies to the fact that DCH supports 
soft handover, while FACH does not. Since with 
this technique the users that are found near the 
cell edge are served with DCHs, their transition 
to another cell will be smoother, as the MBMS 
service will be provided uninterruptedly. 


EXISTING RADIO BEARER 
SELECTION MECHANISMS 

During the provision of MBMS multicast services 
the system should conceive and adapt to continu¬ 
ous changes that occur in dynamic wireless envi¬ 
ronments and optimally allocate resources. Under 
this prism, a critical aspect of MBMS performance 
is the selection of the most efficient radio bearer 
for the transmission of MBMS multicast data. It 
is worth mentioning that this is still an open is¬ 
sue in today’s MBMS infrastructure mainly due 
to its catalytic role in Radio Resource Manage¬ 
ment (RRM). 
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Figure 11. Node B’sTx power with MDF 



There exist two main research directions during 
the radio bearer selection procedure. According 
to the first approach, a single transport channel 
(PTP or PTM) can be deployed in a cell at any 
given time. In this case, a switching threshold is 
actually set that defines when each cha nn el should 
be deployed. On the other hand, the second ap¬ 
proach performs a simultaneous deployment of 
PTP and PTM modes. A combination of these 
modes is scheduled and both dedicated and com¬ 
mon bearers are established in parallel in a cell. 
In the following paragraphs we present the main 
representative approaches of each of the two 
research directions. 

MBMS Counting Mechanism 
(TS 25.346) 

The 3GPP MBMS Counting Mechanism (or TS 
25.346) constitutes the prevailing approach of 
switching between PTP (multiple DCHs) and 
PTM (FACH) radio bearers, mainly due to its 


simplicity of implementation and function (3 rd 
Generation Partnership Project TS 25.346,2009). 
According to this mechanism, a single transport 
channel (PTP or PTM) can be deployed in a cell 
at any given time. The decision on the threshold 
between PTP and PTM bearers is operator de¬ 
pendent, although it is proposed that it should be 
based on the number of serving MBMS users. In 
other words, a switch from PTP to PTM resources 
should occur, when the number of users in a cell 
exceeds a predefined threshold. 

Figure 12 presents the operation of TS 25.346. 
Assuming that the threshold is 8 UEs (a mean 
value for the threshold proposed in the majority 
of research works), TS 25.346 will command 
Node B to switch from DCH to FACH when the 
number of users exceeds this predefined threshold, 
since HS-DSCH is not supported. Simultaneously, 
Figure 12 reveals the inefficiencies of TS 25.346. 
At simulation time 10 sec when the group that 
receives the MBMS service consists of 9 users 
(exceeding the switching threshold), this mecha- 
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Figure 12. 3GPP TS 25.346 Tx Power Levels 



Time (sec) 


nism will switch from DCH to FACH, leading to 
a power wasting of 6 Watt. 

Therefore, we could say that this mechani s m 
provides anon realistic approachbecausemobility 
and current location of the mobile users are not 
taken into account. Moreover, this mechanism 
does not support FACH Dynamic Power Setting. 
Therefore, when employed, FACH has to cover 
the whole cell area, leading to power wasting. Fi¬ 
nally, TS 25.346 does not support the HS-DSCH, 
a transport channel that could enrich MBMS with 
broadband characteristics. 

MBMS PTP/PTM Switching 
Algorithm (TR 25.922) 

3GPP MBMS PTP/PTM switching algorithm, or 
TR 25.922 (3 rd Generation Partnership Proj ect TR 
25.922, 2007), assumes that a single transport 
channel can be deployed in a cell at any given 
time. However, contrary to TS 25.346, it follows 
a power based approach when selecting the ap¬ 


propriate radio bearer, aiming at minimizing the 
Node B’s power requirements during MBMS 
transmissions. 

In TR 25.922, instead of using solely DCHs, 
HS-DSCH can also be transmitted. However, the 
restricted usage of either DCH or HS-DSCH in 
PTP mode may result to significant power losses. 
In both cases, the PTP (DCH or HS-DSCH, since 
the switching between HS-DSCH and DCH is 
not supported in this mechanism) and the PTM 
power levels are compared and the case with the 
lowest power requirements is selected. In general, 
for small number of multicast UEs, PTP bearers 
are favored. As the number of users increases, the 
usage of PTM bearer is imperative. 

An example of this mechanism’s operation is 
presented in Figure 13. In this example, TR25.922 
supports only DCH transmissions in PTP mode. 
According to Figure 13, for small UE population 
(up to simulation time 60 sec) DCH is preferred 
compared to FACH since its power consumption 
is lower. As the number of users increases (from 
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Figure 13. 3GPP TR 25.922 (with DCH) Tx Power Levels 



simulation time 60 sec) a switch from DCH to 
FACH is performed in order to ensure the low¬ 
est possible power consumption. However, even 
though TR 25.922 overcomes several inefficien¬ 
cies of the TS 25.346 mechanism, still it does not 
support FACH Dynamic Power Setting, leading 
in turn, to increased power consumption in PTM 
trans mi ssions. 

Mechanism Proposed in 3GPP 
TSG RANI R1-02-1240 

The above mechanisms allow a single PTP or PTM 
transport cha nn el deployment at any given time. 
In 3 rd Generation Partnership Project Rl-021240 
(2002), an alternative idea is presented, which is 
based on the simultaneous/combined usage of 
PTP and PTM bearers for MBMS transmissions. 
In particular, this approach considers the mixed 
usage of DCHs and FACH for the transmission 
of the MBMS data over the UTRAN interfaces. 
According to this approach, the FACH channel 
only covers an inner area of a cell/sector and 


provides the MBMS service to the users that 
are found in this part. The rest of the users are 
served using DCHs to cover the remaining outer 
cell area. The power for serving the outer part 
users is calculated as in equation (4). The total 
downlink power consumption, including FACH 
and dedicated channels, is the sum of these two 
power levels (Figure 14). 

However, as clearly concluded in 3 rd Genera¬ 
tion Partnership Project Rl-021240 (2002), this 
approach is only beneficial when the number of 
outer part users that use the DCHs is extremely 
small (less than 5). This suggests that the use 
of DCH in association with FACH for MBMS 
services is rather limited for real world traffic 
scenarios. 

Novel Mechanism for PTP and 
PTM Bearers Combination 

At this point, it should be mentioned that none 
of the above mechanisms takes into account the 
ability of the Node Bs to support many simulta- 
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Figure 14. 3GPP TSG RANI R1-02-1240 Tx Power Levels 



Time (sec) 


neous MBMS sessions. MBMS transmissions 
have increased power requirements and consume 
a large portion of the available power recourses. 
Consequently, the number of parallel MBMS 
sessions that a base station could support is lim¬ 
ited; and the selection of the appropriate radio 
bearer for a MBMS service should be done with 
respect to other existing MBMS sessions in the 
corresponding cell. 

To this direction, this section presents a power 
control mechanism that considers the Node B’s 
transmission power level as the key criterion for 
the selection of the appropriate MBMS radio 
bearer. The goal achieved by mechanism work 
is threefold: At a first level, our mechanism pro¬ 
poses a more realistic and adaptive to dynamic 
wireless environments approach, by employing 
a power based switching criterion and allowing 
the combined usage of transport channels. At a 
second level, our mechanism contributes to Ra¬ 
dio Resource Management (RRM) mechanism s 
of UMTS by presenting a novel framework for 


MBMS that optimally utilizes power resources. At 
a third level, a maj or advantage of our mechanism 
is its ability to ensure the service continuity in the 
system when multiple parallel MBMS services 
are delivered. 

Parameters 

The number of parallel MBMS sessions that a 
Node B could support depends on many param¬ 
eters. We could classify these parameters in three 
categories: 

• User related parameters, 

• MBMS session related parameters and 

• Provider related parameters. 

User related parameters are parameters such as 
UEs’ distances from the base stations andUEs’ QoS 
parameters. The number of active MBMS sessions 
per cell, the number ofUEs per MBMS sessionper 
cell and the bitrates ofthe MBMS services are some 
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Figure 15. Block diagram of the mechanism 


Initialization Phase 


Retrieval Phase 


tB Selection Phase 


Retrieve UEs Parameters per cell: 
11. No of MBMS sessions 

2. No of UEs per MBMS session 

3. UE s distances from Node Bs 

4. Rbs of MBMS sessions 

5. UE's Eb/No 


Channels Selection Algorithm: 
(per MBMS session per cell) 

1. Define PTM coverage 

2. Find PTP combination 
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of the MBMS session related parameters. Finally, 
the portion of the available power recourses of base 
stations that couldbe used for MBMS transmissions 
isaprovider related parameter. All theseparameters 
should be considered in the RRM of MBMS so as 
to have efficient power control. 

Architecture and Functionality 

The remaining of this paragraph presents the 
architecture and functionality of the proposed 
mechanism that is used for the efficient data 
transmission of parallel MBMS services in LTE. 
The block diagram of the proposed mechanism is 
illustrated in Figure 15. According to Figure 15, 
the mechanism consists of four distinct operation 


phases: the initialization phase, the parameter 
retrieval phase, the radio bearer (RB) selection 
phase and the RB assignment phase. 

Initialization Phase 

The initialization phase (Figure 15) launches the 
mechani s m when one user expresses his interest 
in receiving a MBMS service ( i.e . the mecha¬ 
nism begins when the first user requests the first 
MBMS service). 

Parameter Retrieval Phase 

The parameter retrieval phase is responsible for 
retrieving the parameters of the existing MBMS 
users and services in each cell. In this phase, the 
mechanism requires the two of the three types of 
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Figure 16. Cell areas and zones 



parameters, mentioned in the beginning of this 
paragraph: the user related parameters and the 
MBMS sessionrelatedparameters. Regardingthe 
latter type of parameters, the mechanism requires 
information about the number of active MBMS 
sessions per cell, the number of UEs per MBMS 
session per cell and the bit rates of the MBMS 
sessions. This information is retrieved from the 
BM-SC. On the other hand, the user related 
parameters are retrieved from the UEs through 
uplink channels. 

Radio Bearer Selection Phase 

The RB selection phase is dedicated to the se¬ 
lection of the transport channels for the MBMS 
sessions in any cell of the network. The most 
critical operations of the phase are executed by 
the Channels Selection Algorithm block (Figure 
15). The algorithm executed in this block selects 
the combination of PTP and PTM bearers that 
minimizes the downlink base station’s transmis¬ 
sion power in any cell of the network that multicast 
users are residing. In particular, the algorithm is 
executed in two steps. In the first step (Define PTM 
coverage) the algorithm estimates the optimum 
coverage ofFACH for the users ’ distribution of any 
MBMS session in the cell. This coverage area is 


called inner part of the cell as illustrated in Figure 
16. In the second step (Find PTP combination), 
the mechanism decides which PTP bearer(s) will 
cover the rest part of the cell (outer part - Figure 
16). It has to be mentioned that the above cell 
characterization is done for every MBMS session 
of the corresponding cell. 

In order to estimate the optimum coverage of 
FACH (for any MBMS session in the cell) in De¬ 
fine PTM coverage step (Figure 15), the algorithm 
initially divides the cell in ten zones (Z1 to Z10). 
Each zone Zi refers to a circle with radius equal to 
10i% of the cell radius. Afterwards, the algorithm 
scans all the zones and calculates the total base 
station’s transmission power for the following 21 
transport Channel Configurations (CC): 

• CC1: No FACH used. All users of the spe¬ 
cific MBMS session are covered by DCHs. 

• CC2: No FACH used. All users of the spe¬ 
cific MBMS session are covered by HS- 
DSCHs. 

• CC3: FACH for UEs up to Z1. All the rest 
UEs covered by DCHs. 

• CC4: FACH for UEs up to Zl. All the rest 
UEs covered by HS-DSCHs. 
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• CC19: FACH for UEs up to Z9. All the rest 
UEs covered by DCHs. 

• CC20: FACH for UEs up to Z9. All the rest 
UEs covered by HS-DSCHs. 

• CC21: FACH for all UEs (up to Z10). 
DCHs and HS-DSCHs are not used. 

The CC that consumes less power indicates the 
coverage of the FACH and determines the inner 
part of the cell. The same procedure is executed 
simultaneously for any MBMS session in the cell. 
The output of the Define PTM coverage step is 
the coverage of the FACH for any MBMS session 
in the examined cell. 

Once the appropriate FACH coverage is de¬ 
fined, the algorithm enters the Find PTP combina¬ 
tion step (see Figure 15), which determines the 
appropriate PTP radio bearer(s) that will cover 
the MBMS users residing in the outer part of the 
cell. The procedure is similar to the procedure 
described in the Define PTM coverage step. The 
algorithm scans all the zones in the outer part 
of the cell and calculates the total base station’s 
transmission power in order to cover all the outer 
part MBMS users only with PTPbearers. The first 
zone of the outer part is Z(inner part+1), therefore 
the algorithm will have to scan the following PTP 
transport Channel Configurations (PTPCC): 

• PTP CC1: DCHs for outer part UEs up to 
Z(inner part+1). All the rest outer part UEs 
(up to Z10) covered by HS-DSCHs. 

• PTP CC2: DCHs for outer part UEs up to 
Z(inner part+2). All the rest outer part UEs 
(up to Z10) covered by HS-DSCHs. 


PTP_CC(10-inner part): All MBMS users 
in the outer part cell are covered by DCHs. 
HS-DSCHs are not used. 
PTP_CC(10-inner part+1): HS-DSCHs for 
outer part UEs up to Z(inner part+1). All 
the rest outer part UEs (up to Z10) covered 
by DCHs. 


PTP_CC(10-inner part+2): HS-DSCHs for 
outer part UEs up to Z(inner part+2). All 
the rest outer part UEs (up to Z10) covered 
by DCHs. 


• PTP_CC(2*(10-inner part)): All MBMS 

users in the outer part cell for the specific 
session are covered by HS-DSCHs. DCHs 
are not used. 

After these calculations, the different PTPCCs 
are compared and the PTP CC with the lowest 
power requirements determines the PTP transport 
cha nn el configuration for the outer part MBMS 
UEs of the specific MBMS session in the cell. The 
procedure is recursively executed for any MBMS 
session in the examined cell. 

Generally, the output of the Channels Selection 
Algorithm block is the combination of PTM and 
PTP transport cha nn els that consumes the lowest 
power resources between all possible combina¬ 
tions in the corresponding cell for any MBMS 
session running in it. 

In the case of FACH there is another block in 
the mechanism’s block diagram named FACH 
Multiplexing. When the number of MBMS 
sessions requiring FACH in cell is greater than 
one, these FACHs should be multiplexed onto a 
Secondary Common Control Physical Channel 
(S-CCPCH) (3 rd GenerationPartnership ProjectTS 
25.211, 2009; 3 rd Generation Partnership Project 
TS 25.212, 2009). After the multiplexing proce¬ 
dure, the capacity of the S-CCPCH is calculated 
and based on this, the total power required for the 
common channels (P FACHtota ) in the correspond¬ 
ing base station is estimated. In this chapter we 
consider a one to one mapping between MBMS 
sessions (MBMS point-to-multipoint Traffic 
Channels - MTCHs) and FACHs. 

The last action performed in the RB selection 
phase is the computation of the total base sta¬ 
tion’s power (P J) required so as to support all 
the MBMS sessions in each cell of the network. 
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Table 5. UE Number, Coverage per time period 


Time (sec) 
0-50 


51-100 


101-150 

151-200 


UEs Number 

25 


25 


17 


Coverage (%) 

50 


50 

80 

50 

50 


Best Performance 

Our Mechanism 


R1-02-1240 and Our Mechanism 


TR 25.922 (HS-DSCH) and Our Mechanism 
All except TR 25.922 (HS-DSCH) 


However, at this point we have to mention that 
the selected radio bearers are not yet assigned to 
the MBMS sessions. This action is performed in 
the following phase. 

Radio Bearer Assignment Phase 

During the RB assignment phase, the P lotal is 
compared with the available power assigned by 
the network provider to MBMS sessions in each 
base station (P MBMS ). Obviously, P MBMS constitutes 
the third type of parameters, known as provider 
related parameter. IfP (oto( is smallcrthan P M/jMV thcn 
the selected from the RB selection phase transport 
channels are assigned to MBMS sessions and the 
MBMS data transfer phase begins. In case when 
P total ' s bigger than P MBMS , a session reconfigura¬ 
tion procedure should occur due to the fact that 
the Node B has no available radio resources so as 
to serve all the MBMS sessions in the examined 
cell. Three possible reconfiguration events could 
be used in such a case. The first is the reduction 
of the tran s mission rate of a MBMS session, the 
second is the pause of a MBMS session for a short 
time period and the last is the cancellation of the 
service. The simplest policy that the mechanism 
could adopt in order to perform these reconfigura¬ 
tion events, is a First Come First Served (FCFS) 
policy. Following the FCFS policy and considering 
the available power, the mechanism performs the 
optimum event to the most recent sessions. 

The above description refers to a dynamic 
model, in the sense that the UEs are assumed 
to be moving throughout the topology and the 
number of MBMS sessions varies. The param¬ 


eter retrieval phase is triggered at regular time 
intervals so as to take into account the changes 
in user related parameters, MBMS session related 
parameters and operator related parameters. This 
periodic computation inserts a further complexity 
as this information is carried in through uplink 
channels. This entails that a certain bandwidth 
fraction must be allocated for the tran smi ssion of 
this information in uplink channels, thus result¬ 
ing to a system’s capacity reduction. A further 
complexity is inserted due to the fact that the 
mechanism is executed many times. In particular, 
if we suppose that Abase stations are served with 
multicast users, while each of these base stations 
serves Mi (i = \...N) parallel MBMS sessions, 
then the number of executions of the mechanism 
is computed as in (6): 

K = ± M , ( 6 ) 

Comparison with 3GPP Approaches 

This scenario lasts for 200 sec and can be divided 
into four time periods, depending on the number 
of MBMS users. According to this scenario, a 64 
Kbps service should be delivered to a group of 
users, whose initial position at each time period 
is presented in Table 5. For example, for the time 
period 0 to 50 sec, 25 UEs receive the 64 Kbps 
service at distance 50% of the cell radius and 7 
UEs at distance 80% of the cell radius. 
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Figure 17. (a) Power consumption and (b) complexity comparison 
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Figure 17a depicts the power levels of the 
examined radio bearer selection mechanisms. 
As it can be noticed from Figure 17, the pro¬ 
posed mechanism and the mechanism presented 
in 3GPP TSG RANI Rl-02-1240 have the best 
performance in general. 

For example, for the period 0-50 sec, the total 
number of users in the cell is 32. By assuming 
that the threshold for switching between DCH 
and FACH (FIS-DSCH is not supported) in TS 
25.346 is 8 UEs, TS 25.346 will deploy a FACH 
with 100% cell coverage (requiring 7.6 W). 

The high initial users’ population favors the 
deployment of FACH in order to serve all the UEs 
in 3GPP TR 25.922. However, as TS 25.346, TR 
25.922 does not support FACH Dynamic Power 
Setting. This is the reason why TR 25.922 (with 
DCH or HS-DSCH) has the same power require¬ 
ments with TS 25.346 (7.6 W) for the time period 
0-50 sec. 

The mechanism proposed in 3GPPTSG RAN 1 
Rl-02-1240 allows the mixed usage of DCHs 
and FACH and supports FACH Dynamic Power 
Setting. As shown in Figure 17a, this mechani s m 


requires 4.8 W in order to serve all the users in 
the cell, for the first time period. This derives 
from the fact that for the specific scenario, this 
mechani s m will deploy only a FACH with 80% 
coverage, while the user with the worst path loss 
resides in the borders of zone Z8. 

Finally, Figure 17a depicts the power require¬ 
ments oftheproposedmechanismforthe examined 
scenario. For the time period 0-50 sec, the output 
ofthe Channels SelectionAlgorithm block (Figure 
15) specifies that the users up to Z5 should be 
server by a FACH. Moreover, the most efficient 
combination of PTP bearers for the outer part 
MBMS users is to serve the remaining 7 users in 
zone Z8 with HS-DSCH. Therefore, 4.5 W in total 
are required in order to serve all the MBMS users 
with this mechanism. Obviously, the proposed 
mechanism ensures minimized power consump¬ 
tion. A significant power budget, ranging from 0.3 
to 3.1 W, may be saved for the period 0-50 sec 
compared with the other approaches. 

On the other hand, Figure 17b presents the 
computational overhead that each mechanisms 
inserts (number of iterations required to calculate 
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Table 6. Comparison of the mechanisms 


Mechanism 

Advantages 

Disadvantages 

TS 25.346 

1) Low complexity 

2) Easy to implement 

3) 3GPP standardized 

1) High power requirements 

2) No mobility support 

3) No HS-DSCH support 

4) No dynamic FACH support 

TR 25.922 

1) Support all transport 
channels 

2) 3GPP standardized 

1) High power requirements 

2) No switching between 

HS-DSCH and DCH support 

3) No dynamic FACH support 

3 GPP 

Rl-02-1240 

1) Power efficient 

2) Support combined usage 
of FACH and DCH 

3) Support dynamic FACH 

1) High complexity 

2) No standardized 

3) No HS-DSCH support 

Proposed 

Mechanism 

1) Power efficient 

2) Support combined usage 
of all transport channels 

3) Support dynamic FACH 

4) Support multiple MBMS 
sessions 

1) High complexity 

2) No standardized 
(Novel Mechanism) 


the power of the available transport cha nn els and 
assign the ideal channel), based on the above 
scenario. 

In general, TS 25.346 inserts the lowest com¬ 
putational overhead (number ofiterations constant 
and equal to one), because TS 25.346 requires 
only the number of served MBMS users in order 
to assign the appropriate transport cha nn el. On 
the other hand, the other approaches have higher 
computational overhead due to the fact that these 
mechanisms have to periodically retrieve the 
parameters of existing MBMS users. Moreover, 
these approaches have to calculate the power 
consumption of the transport channels that each 
mechanism supports; andbased on this calculation 
to assign the ideal radio bearer. The fact that the 
proposed mechanism supports all the available 
transport cha nn els and examines all possible 
transport cha nn els configurations explains why 
the number of iterations in this case is higher than 
the other approaches. 

To sum up, Table 6 presents a cumulative, 
direct comparison between all mechanisms ana¬ 
lyzed in this chapter. The main conclusion is that 
the proposed mechanism outperforms the other 


approaches in terms of power consumption, since 
significant power budget is saved. It puts together 
the benefits of all mechanisms by providing a 
scheme that is based on the concept of transport 
channels combination; and performs an optimal 
power resource allocation in LTE base stations. 
And even if the complexity of the proposed 
mechanism is higher than the complexity of the 
other mechanisms, the benefits from the optimal 
power planning counterbalance the complexity is¬ 
sues raised. This fact is strongly enhanced mainly 
due to the power li mi ted LTE networks, which 
entails that power strategies are of key importance 
in order to obtain high capacity. 

Managing Parallel MBMS Sessions 

The major advantage of the proposed mechanism 
is its ability to manage multiple parallel MBMS 
sessions. In order to evaluate this ability, we setup 
a simulation scenario where multiple MBMS 
services are transmitted in parallel to several user 
groups residing in a cell. In particular, we suppose 
that four user groups receive four distinct MBMS 
services with characteristics presented in Table 7. 
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Table 7. Scenario parameters 


MBMS No. 


Duration 
(sec) 
0-600 
50 - 600 
100-150 
151-300 
301 - 600 
150-560 
561 - 600 


Rb UEs 

(Kbps) Number 


64 

64 

64 

64 

64 

64 

32 


10 

22 + 6 
2 to 13 
14 to 19 
20 to 27 


Maximum 

Coverage 


20%+50% 

60% 

60% 

60% 

70% 

80% 


Channel 


HS-DSCH 

FACH+DCH 

DCH 

HS-DSCH 

FACH 

DCH 

DCH 


Moreover, Table 7 presents the appropriate trans¬ 
port channel (with respect to power consumption 
as presented in previous sections) to serve each 
group at each time interval. 

Figure 18 depicts the power consumption of 
each MBMS session as well as the total, aggrega¬ 
tive power required to support the transmission 
of all services to the multicast users in the cor¬ 
responding cell. 

Users ofthe l sl MBMS session are served with 
a HS-DSCH channel, due to the small population, 
throughout the whole service time. At simula¬ 
tion time 50 sec, MBMS service 2 is initiated 
(Figure 18). At this time instant, the mechanism, 
through the RB selection phase, selects FACH 
(for the 22 inner part users) and DCHs (for the 
6 outer part users) as the most efficient transport 
cha nn el combination for the transmission of the 
MBMS traffic. 

MBMS service 3 starts at simulation time 100 
sec. At this time the 3 rd multicast group consists 
of only two UEs; thus, the mechanism selects 
multiple DCHs for this MBMS service. The 
number of users receiving the service succes¬ 
sively increases (join requests), reaching 13 UEs 
at simulation time 150 sec, 19 at simulation time 
300 sec and 27 at the end of the simulation time. 
The increasing number ofusers in the group forces 
the mechanism to perform a channel switching 
from DCH to HS-DSCH at simulation time 151 
sec and another one from HS-DSCH to FACH at 


simulation time 301 sec, securing, in this way, the 
efficient resource utilization. 

At this point we have to mention that from 
simulation time 300 sec until the end ofthe simula¬ 
tion, MBMS services 2 and 3 employ FACHs for 
the transmission of the MBMS data (see Table 7). 
During this time interval, the deployment of two 
parallel FACHs forces the mechanism to perform 
a FACH multiplexing procedure in the RB selec¬ 
tion phase. Consequently, a single S-CCPCH with 
bit rate of 128 Kbps is used to deliver MBMS 
services 2 and 3. Moreover, P toUll is lower than 
P'mbms> which translates into efficient provision 
of the three parallel MBMS sessions. 

At simulation time 150 sec, the MBMS service 
4 is initiated and is targeted to a multicast group 
consisting of seven members. Multiple DCHs are 
selected by the mechanism to deliver the MBMS 
content to the 4 th multicast group. Additionally, at 
the same time instance, P mal still remains smaller 
than P MBMS> which means that the MBMS service 
4 is accepted for transmission in the system. From 
simulation time 150 until the end of the simula¬ 
tion, four parallel MBMS sessions running in the 
system and the proposed mechanism handles them 
in an efficient way. 

Due to the fact that the users of the 4 th multi¬ 
cast group are moving towards the cell edge an 
increase in P total occurs and at simulation time 560 
sec; P total exceeds P MBMS value (Figure 18). Thus, 
a session reconfiguration procedure is performed, 
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Figure 18. Power levels of the MBMS sessions 
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forcing the MBMS service 4 to reduce its bit rate 
from 64 Kbps to 32 Kbps in order to ensure the 
efficient service of four parallel MBMS sessions 
without any interruption. 

FUTURE RESEARCH DIRECTIONS 

Regarding the operation of the proposed mecha¬ 
nism, several enhancements couldbe incorporated 
in order to further improve the MBMS perfor¬ 
mance. The steps that follow this work could be 
at a first level the evaluation of the mechani s m 
through additional simulation scenarios. The 
scenarios could be simulated in the ns-2 simula¬ 
tor, in which the proposed mechanism could be 
implemented. In that way, we could measure, 
except from the performance of our mechanism, 
other parameters such as delays in UTRAN inter¬ 
faces during MBMS tran s missions. Furthermore, 
several power saving techniques such as Rate 
Splitting and Macro Diversity Combining couldbe 
integrated in the proposed mechanism. The use of 
these techniques will further improve the overall 


performance of the proposed mechanism, which 
in turn means that a better utilization of radio and 
network resources could be achieved. 

Additionally, the capacity and functionality 
of the proposed mechani s m may be further im¬ 
proved by incorporating the enhancements that 
could be obtained from the use of Multiple Input 
Multiple Output (MIMO) antenna techniques in 
HSDPA. MIMO systems are a prerequisite for 
LTE networks. Early LTE requirements consider 
two transmit and receive antennas (MIMO 2x2) 
and approximately, double data rates are obtained 
with the same base station power compared with 
conventional HS-DSCH single antenna systems. 
Therefore, MIMO antenna techniques have the 
potential to address the unprecedented demand 
for wireless multimedia services and in particular 
for MBMS. Finally, it may be examined whether 
the Multicast Broadcast Single Frequency Net¬ 
work (MBSFN) transmission mode, included in 
the evolved UTRAN technologies of the LTE, 
could be used as an alternative PTM transmission 
mode for MBMS. MBSFN tries to overcome the 
cell edge problems of MBMS and to reduce the 
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intercell interference. Therefore, MBSFN could 
be used in order to achieve very high receiver 
output SNR and significantly improve the overall 
spectral efficiency. 

CONCLUSION 

T his chapter introduced the key concepts of MBMS 
services. The main target was to highlight the im¬ 
portance of power control and its commanding role 
during the delivery of MBMS multicast content, for 
the overall efficiency of next generation networks. 
To this direction, the power profiles of several 
transport channels which could be employed for 
the transmission of MBMS services to the mobile 
users were investigated. Moreover, the reader was 
introduced to certain problems that MBMS current 
specifications are facing and become familiar with 
techniques/solutions proposed to overcome such 
limitations. 

Finally, this chapterunderlinedthe significance 
of selecting the appropriate transport channel for 
the delivery of MBMS services so as to optimally 
allocate power resources. The reader was introduced 
to several radio bearer selection mechani s m s that 
focus on conceiving and adapting to continuous 
changes that occur in dynamic wireless environ¬ 
ments. These mechanisms could further improve 
the MBMS performance since they ensure the 
economic and rational usage of the expensive 
radio and network resources, enabling in this way 
the mass market delivery of multimedia services 
to mobile users. 
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